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Preface

In this thesis I have sought 1o create a computer model of the
MATO standard continuously variable slope delta voice encoding system
with sufficient flexability to permit continued study of the standard's
specifications and tolerances. This investigation has started the pro-
cess of evaluating the proposed MATU standard, however, additional study
is necessary to determine thne standard's adequacy to assure system
interoperability.

I wish to “thank my thesis advisor, Capt. Kizer, and the members of
the thesis committee, It. Col. Carpinella and Capt Seward, for their

assistance, guidance, and tolerance during the course ot this project,

Jeffrey A, lersch
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AFIT/GE/FE/80D-28

Abstract

A computer model of the continuously variable slope delta wvoice
encoding system specified in the draft STAMAG on "Analoguce/Digital Con-
version of Speech Signals for Tactical, Digital, Area Communications
Systems", dated June 1978, is develoved and implemented in FORTRAM IV,
The model's performance is then characterized in terms of idle channel
noise, total harmonic distortion, intermodulation distortion, signal-
to-noise ratio, and frequency response., For each of these attributes,
the system's performance is presented erarhically and compared to the
criteria established in the draft standard. The model is then exercised
by varying the system parameters to the limits imposed by the standard
and the resulting performance compared to the previously determined
ideal system performance, The results show that the performance
characteristics measured are most sensitive to the primary integrator
response and output filter response when the system parameters are

restricted to the range allowed by the draft MATO standard.

ix




INVESTIGATION OF CONTINUOUSLY VARIABLL SLOPR
DELTA (CVSD) MODULATOR/DENODULATOR COIPATALILITY

I. Introduction

A draft MATO standard on the analog to digital conversion of
speech sipnals using continuously variable slope delta (CVSD) modula-
tion is presently being circulated among the military services for com-—
ments, The proposed standard, "The Analogue/Digital Conversion of
Speech Signals for Taclical, Digital, Area Communications Systems,"
June 1978, seeks to assure transmission systems interoperabil; iy by
standardizing the systen architecture and setting tolerances on key
system parameters., The draft standard (see Appendix A) consists mainly
of end-to—end system performance criteria, primarily signal-to-noise
ratios and amplitude response characterisiics, Mo standards are specific-
ally established for transmission-end/reception-end mismatch performance.

The Air Force Communications Command, AFCC/OA, has questioned
whether the limited number of specifications given are adequate to
assure system performance when the CVSD encoding equipment is not per-
fectly matched to the decoding equipment. Are the tolerances specified
sufficiently narrow to assure no serious signal degradation when the
modulator and demodulator parameters differ by the maximum amount
allowed by the draft standard? This is the question that this inves-

tipgation seexks to answer,

Problem Stotevant Determine the adverse effects on the transmitted

signal and their severity whien the CVSD encoder and decoder parameters
differ within the limits allowed by the draft STAMAG on "The Analogue/
Digital Conversion of Speech Signals for Tactical, Digital, Area Com-

munications Systems," June 1978,

Approach The approach of this investigation is to perform a computer
simulation of the CVéD analog to digital conversion system then ~valuate
the system's performance under varyine external and internal conditions,
Initially, a basic mathematical analysis of the system components is

performed and mathematical models of the CVSD encoder, decoder and the




input and output filters are develoned, These models are then translated
into computer subroutines and coded in FORTRAM, 1In the next section, the
tests used to characterize the model are described. These tests consist
of the standard wvoice frequency measurements as, idle channel noise, total
harmonic distortion, intermodulation distortion, signal-to-noise ratio,
and frequency resvonse., The system is first characterized with the encoder
and decoder parameters matched., Fach test is performed at frequencies and
amplitudes across the normal active range of the system. After system
performance under ideal conditions is established, the system parameterc
are allowed to vary across the ranges allowed by the draft standard

and the degradation of the transmitted signal by encoder and decoder
parameter mismatchiing evaluated., The results of the testinz are then
analyzed to determine which parameter mismatches most seriously degrade
systeﬁ performance and to determine if the degradation is serious enough

to prevent signal transmission,




’ II. Analog/Digital Conversion System Model

The basic analog/digital CVSD systenm defined in the draft sian-—
dard is shown in the block diagram in Figure 1, It consists of four

ma jor components, the input and output filters, the CVSD encoder, and

the CVSD decoder. Fach of these components is discussed in the following

sections.,

CVED Encoder Oneration The CV3D encoder structure is shown in Figure

2. The bandlimited signal from the input low~pass filter is applied to
one input of the comparator and sampled at the clock rate, either 16 or
32 kb/s. Each input sample is compared to an estimate of the signal
generated by the encoder feedback network from previous input samples.
In this model? the comparator output is +1 if the input sample is greater
than the signal estimate and -1 if the input sample is less than the
estimate., This polar signal is converted to binary (41 =1, -1 = 0) and
forms the transmit*ed data signal. To generate the next signal estirmate,
the polar signal from the comparator is routed to the input of the slope
overload detector.

Slope overload, as defined for this system, is the condition when
the last three comparator outputs are identical, either all +1's or
all ~1's, This indicates that the input signal amplitude is rising or
falling, resrectively, faster than the encoder can track using the pre-
sent step size. Other systems define slope overload by different length
strings of identical comparator outputs. Strings of two or four identical
bits are also commonly used to indicate slope overload., The last three
comparator outputs are stored in a shift register within the slope over-
load detector and combinational logic circuits used to determine if a
slope overload condition exists. The slope overload detector output controls
the position of the switch shown in the block diagram. Under normal
conditions, when slope overload does not exist, the switch is in the
vmin position. Upon occurrence of slope overload, the switch position
is changed and Vmax is applied to the input of the syllabic filter,

The syllabic filter is generally a simple single pole RC filter
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whose output is defined as the step size of the CVSD encoder, The syllabic
filter controls the response of the systen to the envelope of the speech
sign=1 being processed, FProlonged appli:~tion of Vmin to the input

of the syllabic filter causes the outrut to decrease to a minimum non-~

zero value that approaches Vmin' Under continuous slope overload con-—
ditions, anx is continuously applied to the input of the syllabic filter
causing the filter output to increase to an average value approaching

5~

Vmax' The magnitude of the syllabic filter outpit is used to control the
amplitude of tl:» oulput pulse of the pulse modulator. Polarity of the
pulse is controlled by the last output of the comparator,

The primary intesrator responds to the sgurre w-ve signal from the
pulse modulator and its output forms the signal estimate used by the
comparator. At the end of each clock period a new estimate 1s avail-
able'to Ye used by the comparator in generating the next binary output '
and the next «ignal estimate. The primary intecrator's response con-
trols the maxiaum analog sicnal frequency that can be processed Lrrough the
the CVSD analog to digital conversion systern. In figure 3, are showm
sample waveforms at each stage of the analog to digital conversion

process,

Fneoder Alcoritim The mathematical descrintion of the CVSD encoder opcr-

aticon is larvely « description of its component filters, the primar,
integrator and the syllabic filter. One of the system characteristics
specified by the draf® standard is the primary integrator response. The
impulse response, in its simplis*t form, is given as,

e—2ﬂfclt 1)

a(t) =
where
fcl = the pole frequency of the [ilter in hertz
The prirary inte~rator innub sipnal is the squue save output of the

pulse modulator, which for a single pulse can be described as,

a(t)

"
o

t < 0mmdt > T
= a 0st<T

w“
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' where

_1
sample rate

The primary intco.rator output is determined by convolving the filter

impulse response with the input signal.

o0
x(t) = a(t) * a(t) = J/ZR(T) alt - 1) dar
~o0
= 0, fort<oO
-omf
= s l1-e '], forostsT (3)
cl
-anf T =27 -
= 2#? [1 - e cl ] e 2 fcl(t T) , for t > 7T
cl

Since the primary interrator output is ol interest only at the end of
each clock period, when it is used for comparison with the input analog
signal, the continuous eguations developed above can be simplified

as follows, For £t = nT,

x = = (@1-a)a"” s D

n kl

t

1,2, o0 0 (4)

- T
o 27rfc1

= 21
k1 fcl

Using suntroocition, the primary integrator output as the result of a

series of ™ pulses can be described as,

1

M-1
_ - - -o) e e e+ 0 1l -
%, = < [y @ -@) +a, . Q- v, - a0 ]
M=-1
T
‘ = E %(1_a)an y form=1,2, ... , T (=)
n=0
8




' This expression can also be defined recursively, depending only on the
resent input and the last output., Thiz definition can be used to
simulate the CVSD encoder on a computer,
8y
X = X + l -~ @) —
o1 @ ( ) (6)

M
k1

The analysis of the syllabic filter output follows identically
that of the primary integrator. The impulse response of the syllabic

filter is,

QWt]
e
Bt) = e ¢ (7)
where
tc = the time constant of the syllabic filter

The recursive expression for the syllabic filter output is,

VH
a, = AH_lB + (1 -8) E; (8)
vhere
on
ks = T
c
2nT
B = exp [- —
c
\' = either V or V . , the syllabic filter input
M max min

Encoder Gomputer Subroutine  Fguations (6) and (8) are implemented in

the subroutine used to perform the CVSD encoding for this investigation,
Figure 3 is a flowchart of the subroutine used for encoding and Appendix
B is the FORTRAMN code used, All of the system defining paramoters are

transnitted to the subroutine through the callin- statement, fncoding

is performed on an array basis, The analog signal to be analoz to digital

converted is first sampled at the clock rate and the samoles placed in

the input array, vhich is of size 1 x ¥, vhere M is the nuuber of samples.,

All of the samples are encoded by the subroutine and the binary data

g*raam placed in the output array before the subroutine returns control
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to the callina program,

Two of the primary system defining paranmeters, VAX ana Vi.IN
must be grenerated byr subroutine VMAXOPT (appendix I) before the encoder
subroutine is called, It should be noted that the constants kl and k2
derived in equations (5) and (8) are not specifically included in
the program statements defining the primary irntegrator and syllabic
filter responses bul are expected to be included in the values calcnlatled
for VMAY and ViiIl,

The variable DC in the subroutine is the duty cycle of the
slope overload detector. This variable is not used during the encoding
procesge,  Instead, it is used only by VMAXCPT when the values of VITAX

.

and VIIIN are being deterrined, *

CJSD Decoder Oneration The CVSD decoder circuit iz identical to the

encoder feedback circult, A bhlock diagram of the decoder is shown in
figure 5. The only dirference between the decoder and th: encoder is
that “he decoder has no aommarator, The binary signal fron the encoder
is applied dircctly to the slove overlozd cdetector and the output signal
is taken from the primory intesrator. The signal estimate generéted in
the decoder is identical to that generated in the encoder, if the parameters
of each unit are identical, lowever, at the decoder the signal estimate
is of interest at all times and not just at the sanple periods, as the
decoder sional estimate is the approxinmation of the analog signal trans-
mitted br the CV3D encoder. Figure 5 shows saniple waveforms at various
points within the decoder. The waveforns are identical to those shown
in figure 3, except tha*t the decoder primary intesrator oulput is shown

as a continuou: signal,

Decoder Alcorithn Since the decoder circuit is identical to the «nuoder

-y

circuit without the comparator, the mathematical analvsis Jevelorei for
the encoder is also anclicable to the dec¢oder. One exception, howaerer,
is that the simplification uscd to obtain equation (4) is not wierally
applicable to the decoder since the primary integrator output @  (he

decoder is required to be continunus, The recursive expression for the

decoder output is,

12
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. -t o
yt) = [j(’ - [V—}]T)} e 1 + (1 -e 1) EE (9)
1
for (N-1)T < L < N7
vhere
T o ——r
sample rate
K, = @2rf
=1 cl
ay = the primary integrator input for (M-1)T < t < MNT
fcl = the pole frequenc, of the vrimary inteorator in hertz

malysis of the d:coder syllabic filter iz identical to tlot of the

encoder syllatic filter and ecuation (B) also applies to the decoder.

Vv
N
By = Bygf v 0B (8)
where
2n .
k? = T Ay = the syllabic filter output
) c
2
c
v = either V or V . , the syllabic filter input
N mx min
Decoder Computzsr “ubroutin: Using ejuations (6) =1 (8), +the decoding

subroutine is implemented s shown in the flowshart in figurs 7, Equation
(9) is not used since the straicht line approximation provided by the
salcomp plotter rrovides a sufficiently accurate representation of the
decoder output for this investisation. Except for the eliuination of

the comparison step used in the encorder subroutine, the decoder sub-
routine iz nrarly identical to thet of the encoder, All commculs applic-
able to the encoder subroutine are also apnlicedle to the decodoer sub—
routine. The FORTRAY code for the decoder subroutine is atiached in

topendix C,
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Encoder and Decolder Pirarctors From the expressions developed in the

vrey

preceding sectlions daccribing the CVSD e¢ncoder and decoder, i~ can be
seen that there are lour paramcters that deternine the characteristics

of the encoder and decoder., They are, 1 for the primary inten~rator,
o !

t for the syllabic filter, and V and V. whose value determines the
c A% min
magnitude of the sten sizes,

The draft standard speciflies the valuve of f explicitly in para-

cl
graph 3,2, UWhen the primary integrator consisis of a single pole filter,

the value of fC is requircé to be between 100 and 300 ilz, Other poles

1
and zeros can bLe added to the primary inteprator, in accordince with the

draft standard, however, only fC] is required. In this investigation,
the single pole version of the primary integrator is vsed in the CVSD
encoder and decoder ro-dels,

" For the syllabic filter, the drait standard does not specify the
value of tc directly., Instead, tc is specified in terms of the decoder
output signal when a given input i1s anplied to the encoder. Yhen

the analog input signal at 300 Yz is stepped from =42 d3mO to O dAw0,

the decoder output signal is reguired to nchieve S0% of its final value
within 2 to 4 milliseconds aTter the output signal starts to rise. (TI0TL:
For this system, the standard specifiies the reference test level point

to be -4 dEn, So, a4 =42 d73m0 is actually =46 d3n. All measurements talen
in this investipation ars stated in dBmO, unless explicitly stated
otherwise,)

The values of Vmax and Vmin are also not specified directly by the
draft standard, but are specified in terms of the syllabic filter oulpit,
The syllabic filter output, which has previously been dcfined as the
step size of the encader and decoder, is required to e linear as a
function of the slnne overload detector duty cycle. The slope overload
detector duty cycle is defined - ‘he ratio of the number of tines
slope overload is detected to Liwe number of samples in the sane period,

In paragraph 3,4 of the draft standard, the step zize is shown s varving
linearly as the duty cycle ranges from 0 to .5. The step size raitio, the
ratio of the gyllabic filter output when an 800 Hz, O dBmO sian-l is
applied to the encoder input, to the syllabic filler o:.ilput when the

encoder input is grounded is required to be 34 dB % 2 4R, Thiys specification

17




in combination with the specifications for fcl and tC determine the values
of V and V , ,
max min

Due to the fact that the parameters interact with each other, the

values of t , V v and V. need to be determined recursively. A value of
c max min
fcl is chosen within the range given by the standard and an estimate of
tC chosen near its expected value, The syllabic filter determines the
system response to the amplitude modulation of a voice signal., As the
highest frequency in the envelope of the voice signal is generally about
100 Hz, tc is estimated to be the reciprocal of this frequency or ,01.
A nominal step size ratio is given by the draft standard to be 34 dB,
These three parameters are used to calculate the values of V ax and Vmi .
m n

Figure 8 is the flowchart of the program that calculates these values
using the subroutines shovwm in figures 9 and 10, then plots the resulting
syllabic filter output as a function of slope overload detector duty cycle.

Initially, estimated values of V and V . are used and the slope

max min

overload detector duty cycle and system step size ratio calculated when
an 800 Hz, O dBmO test signal is input to the CVSD encoder, If the

calculated values are not within the tolerances specified, vmax and Vmin

are adjusted and the calculations repeated. This process is continued un-
til values of Vmax and Vmin are determined that produce a slope overload
detector duty cycle of ,5 * 1%, and a step size ratio within ,01% of the
input value,

After determining the values of Vmax and vmin’ the entire CVSD
system is tested to determine if the rise time requirement is met using
the parameters that have been calculated, The flowchart of the test program
is shown in figure 11, To determine the system rise time, a test signal
consisting of alternate series of 500 samples of an 800 Hz, -42 dBmO sine
wave and 500 samples of the 800 Hz sine wave at O dBmO, The initial series
at -42 dBmO initialize the storage elemenits of the slope overload detectors
in both the encoder and decoder and get the system into an initial steady-
state condition, After processing the test signal through the systen,
the output signal is plotted in the vicinity around one of the steps in
input signal power. The system rise time is then determined grophically,
Figure 1?2 shows a sample output from this program for both the 16 and 32

kb/s sample rates, This test was performed with fC = 100 Hz, step sivze

1
ratio = 34 dB, tc = ,01 for the 16 kb/s sample rate, and

18
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Input and Output JTow=Pass Filtors The last of the major combonents makinge

up the CVSD analog/digital conversion system are the input and output til-
ters. These filters are used to limit both the input and output sip-

nal spectrum to the voice band frequencies only. For telephonic communi-
cations, the voice tand is generally considered to be those frequencies less
than 3600 !z, For optimal system performance, these filters should have

a very sharp cut—off and hi;h loss characteristics in the stop band,

The purpose of the input filter is to limit the input sional spec-
trum to prevent aliasing due to the sanpling process, Vhen the input
sipgnal is sampled, in addition to the input spectrum, the output spectrun
also contains sum and ddiflerence frequency components centered around the
sample frequency, 1If the inrut spectru. were to contain frequencies very
much larger than the desired spectrum, aliasing or interference would
occur’ vhen the difference freauencies fell into the baseband spectrun.

For this model, the input filter is considered to be un ideal low-pass
filter. The test signal renerator output spectrum is limited to the voice
band frequencies only, with no components falling outside that range. This
simulates a low-pass filter with zZero insertion loss in the pass tand and
infinite locs in the ston» hend,

The function of the output filter is also to limit The sipgnal 1o
the voice band, however, in this case, the components outside the original
input spectrum are produced “v the non-lineari*ies of the processing
system, The output filter smooths the si _noals and eliminates the harmonic
componenis above the voice band, This filter may have the same character-
istics as the input filter or may have a narrower pass band to improve
perfornancs, The filter chosen for this rodcl is a maximally flat, linear
phase symmetrical finite impulse response (FIR) filter. The mocel of
this filter was developed by J.F. Kaiser of the Digital System Research
Department of the Bell Jaboratories. Reference 1 provides morec complete
documentation of the filter model, There are two parameters that define
the response of the filter, beta and gamma., Figure 14 shows ti.e response
of the filter generated by this program and where beta and gamma
are defined, Beta is the normalized center frequency of the transition
region and gamma is the normalized width of the region, HMNormalization

is with resrect to the samnle rate., This filter was chosen for its flat
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recponce in the paos tand in order to minimize disturbiance of the ©V9D
encoter/dhco top recronse, since those are the writary  sycten compononts
under investivation,  The paranctoers chosen for the filter are f = 1875
and Y - |1 tor the 16 kb/s wemple rite and 8= .1 and ¥ = .1 for the 32
kb/s sample rate. Table 11 licts the filter cocfficients generated by the

prosramn and fijure 15 ghows the frequency respense for both filters.

1.0

.95
o

'8 o0
3+
e
—
S
&

.05

0

Mormalized Frequency

Figure 14, I!Maximally ¥lat ¥IR ¥ilter Pesponse

I
Character:istic and Farameter Definition

The center of the transition rewion for the 16 kb/s filter is 3 kHz and
3,2 kHz for the 32 kb/c filter. As can be seen, the maximally flat char-
acteristic is achieved a2t the exrense of ctop vand loss, However, it will
be shovm in the performance results that the svstem perfornance meets

most of the criteria snecified by the draft standard in spite of the

poor filter performance,

Filter Subrontines The filter prowram developed by J.M, laiser is

used to generate the FIR filter coefficients, however, it has been mod-
ified to be a subroutine that returns the coefficient values to ihe calling
program instead of printing them out, These coefficients are pro-duced by
FI.TRGEM then used bty subroutine FIITER to actually filter the si<nal input
to the filter. The maximum number of coefficients that can be rrodiced
by FITRGEM withoul prosram modification is 200, Subroutine FITTER

delays the output signal by 200 sample periods so that it has 2t least
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TABLE
FIR FILTLR CCOErFICIENTS

16 kb/s samnle rate

1L
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200 input sicnal samples can be used by the filtering alrorithm, Fqua-
tion (10) shows the filtering expression implemented by the F1ITER

subroutine.,

MNP

Yo = Bp X, ¥ § :Bi (piml * Xpeisl) (10)

i:

where
n - the nth output sample
n = the nth input sample
i = the ith FIR filter coefficient
MP = the number of filter coefficients
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IIT, Performince Tesgts

A model of the continuously variabtle <slowe &1t ¢nlog to dige-
ital conversion system is constructed from the conrounent nodels described
in the previous sections. TFigure 17 shows thr test confijuration sim-
ulated by the computer model used in this investization, The system
under test is shown in figure 1., In this simulation, the test signal
generator is a subroutine that generates samples of a sinusoidal signal
that can hbe composed of up to two frequency componenis at individually
specified amplitudes, The standard test sirmal used in the perfornance
tests is an 800 Hz sine wave at -20 dBnO, unless otherwise stated, As
vreviously indicated, the reference sgignal level is -4 d3m., All opower
measurements are made relative to this level. The test signal is generated
as an array of 5000 samples for most of the tests performed. This array
is then processed through the system, the output array of sach system
componeni becoming the input array of the next. The final system output
signal is then processed to determine the various signal characteristics.
System performance is measured in terms of the commonly used voice frequency
tests as, idle channel noise, total harmonic distortion, intermodulation
distortion, signal-to-noise ratio, and frequency response. These tests
are first performed with the CVSD encoder and decoder parameters matched,
then performed again with various combinations of encoder and decoder
parameters to show how system performance degrades under mismatched

conditions.

Idle Channel toise Test Idle channel noise is measure of the basic amount

of noise that the processing system adds to the output signal. The output
signal power is measured vhile the system input is grounded. Any non-
zero power measured is the idle channel noise, Before measurins the idle
channel noise, however, the system insertion loss is first set o that the

standard test signal experiences no change in power after bein; rrocessed

through the system. 1Idle channel noise is then measured as,

1 2
o = 242 (11)
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where

= the output sipnal amplitude

"

Yn

M the number of samples

Figure 18 is the flowchart of the idle channel noise test used to measure

the CVSD system performance,

Total Harrnonic DRistortion Test Total harmonic distortion is one of the

measures of system non-linearity., The CCITT procedure for measuring
total harmonic distortion is to input a single f{requency test signal
near the center of the system's pass band and measure the magnitude of
the harmonic compenents in the output spectrun. Total harmonic dis-—

tortion is then calculated by,

JE; + E2 4+ ese 4 EZ

3 M
THD = x 100% (12)
E
1
where
Ez, E3, see ,EN = the RMS voltages of the harmonic sigmal
components in the output spectrum
E1 = the RMS voltage of the primary signal component in the

output spectrun

M

the largest harmonic within the system pass band

Figure 19 is the flowchart of the computer program used to calculate

total harmonic distortion, After processing the single frequency sine
wave test signal through the CVSD system, the output signal spectrum

is calculated using a fast fourier transform (FFT). Due to the limitations
of the FFT, the standard test signal is not used, instead, a 1000 Hz
signal at -20 dBmO is used., The FFT procedure can only measure sig-

nal components at multiples of the minimum frequency resolution uvhich is
determined by the number of samples in the FFT window. In this case, the
window length was specified to be 255 samples, which allowed a frcauency
resolution of 62,5 Hz at the 16 kb/s sample rate and 125 Hz at the 32 kb/s
sample rate., A 1000 Hz test signal was chosen as being both compatible
with the FI'T and a commonly used test signal in voice frequency measure-

ments.
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Intepsodilation Nictortion The total harronic dictortion test often

does not give a complete idea of the system resnonse non-linearitien,
Intermodulation distortion js another measure of non-lincarity used in
voice frequency system, The CCITT procedure of measurine interrodulation
distortion is to input a composite test signal mede of of two sinusoi:di:l
sifgnals of equal amrlitude., he frequencies ot the two ciinals are
separated by an amount that the difference Treauency ic within ithe

55 bnnd of the system. Interrodulation distortion is then caloularve

kv,

INTERIOD = x 120 t173)

where
Edif = the RMS woltape of the di:fepance trequency o ter ot
in the outpul spectrun
El = the RIS voltape of the Viray trejwr v o a0 FE
output spectrun
EZ = the RUS wltare of the second frequen e o0 e
output epectrum
Fipgure 20 shows the flowchart of the procram :ard to, A e e
modulation distortion for *he CUST oyiter,  Tre pooo 4o

similar to the total harronic distortion preree= v oo

tral components used {rorm the FVT oulir.t sire b cw soe C

and the difference fregquency. The tect o nol i ir oa e o -
sists of 740 tz and 1000 Hz componnonts v =7 e

Signal-to-tloice Batio Teasurc;ent The sicmal—to-noive oo o
measure of how accurately the systen beine cnaractieri od pei S
input signal, A test sifnal is process throurh e cycter o0 0 e el o

ing output sirnal compared to the input cirnal after cormjenin o Tt

the system insertion loss and sivnal deluy. SME s then caien el b
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SMn -
= - (14)
a2
%
]
n=1
where
xn . the nthi input simal gamyle
N = the nth outnut cipna’ sanvle
n

M

U

the total nunier o” zamrlen

Ficure 21 chows the flovw - l.art for the simal-to-noice rrogran used to
characterize the OVRD cyrie- periormance.  The staondard 800 Ha test

siynal 1a wusea Lo perforn the inltial syster characterisation.

Fregienes ber oo, e Jlerpiiiroen Two meinodr of performing frequency

responae measuratwaent are uied in this iovestinction, The first is flat
weiphted reasure.ent which 1s used to devorrine the fraguency response of
the entire CVSD gyetem sine this is the msthod for wihich the draft stan-
dard spacifies perfor-:nce criteria. A sacond reiliod is the {rogquency
selective reasurecnent of the responce characteristics. This netiod i
used to investigate the requency respvonse of the (VSD encoder and decoder
onlyv,

lat weirl.ted frequency response measurement is performed bty input-
ting a sincle Treguency cine wave test sifmal at a constant amplitude, then
meanuring the cyates oublput zisnal rower. The output siegnal includes
conponents at frequenczien other than the test si:nal frequency, however,
the power of i entire composite =irmnal is neasured without filterins.
The measured gFain variatiorns are then olouv.ied and scaled such that the
800 Hv, measvirement i3 0 d3, The flowchart of th~ rrogram using thic
procedure is shown in figpure 22,

Frequency selective measwrcrent o) freguency regiponse uses the
wone test yrocedure except only the marnitude of the output sisnual com-—
ponent at the tesct froguency is neasured, ™e olher comrornts of the
convos ite output signal are not included in this measurcment, The
measiarements are then scaled and rlotted cuch thal the 120C (v measure-
ment i O 23, Fiture 23 iz the flowchart of the progran to perforn the

fred ncy selecijve neasureraints, The 1000 [z mearurenent 15 used as the
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Figure 22, (continued) Program DGAIM Flowchart
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IV, Test Fesults

The results of the tests described in the previous section are
presented here. Each test was first performed with the standard 200 iz
test sifmnal, while the CVSD encoder and decoder parameters were matched,
This test characterized the ideal system performance with the systen
parameters at their nominal values., Mext, the tests were performed allowing
the system parameters to vary across the raugres shown in Table 1 and using
test signals that varied in frequency and power across their normal
dynamic ranges, while still maintaining encoder/decoder match. Finally,
the test were repeated again with the encoder rarameters held constant
at one extreme of the permissible values and the decoder parameters allowed
to range to the opposite extreme. cach test was performed changing one

variable at a time while the other were held at their nominal values,

Idle Channel Moise The results of the idle channel noise tests are

shown in figure 24, TFor each sample rate, the idle channel noise perfor-
mance improves as the step size ratio increases, This results from

the decrease in minimum step size as the step size ratio increases, The
output signal depends entirely on the minimum step size when the system
input is zero or grounded. Since the minimum step size is defined to

be non-zero; the output signal will alternate positive and nezative
around zero attenpting to approximate the zero input signal, The smaller
the deviation from zero, the less the power in the output signal and the
better the idle channel noise performance. System periformance exceeds
the criteria specified in the dralt standard, Idle channel noise is

~88 dBmO vs., the svecified -50 dBmO at 16 kb/s sample speed and =97 dBmO
vs, ~60 diBmO at 32 kb/s.

Encoder/decoder parameter mismatch has no effect on idle crannel
noise. This is a result of the fact that no matter whai the encoder's
parameters, the output will always be alternatin- ones and zero: when the
encoder input is grounded. Therefore, the input signal at the <decoder
will always be the same and the output signal will only be atlecied by
the decoder parameters. The idle channel noise performance under mig—

matched conditions will be the same as shown in tigure 24 where the
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Figure 24, CVSD Signal Processing System Idle
Channel Moise Performance
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parameters are those of thc «decoder.

Total iarmonic Nistortion The draft standard specifies no maximum

total harmonic distortion for the CVSD system, however, it is renerally
accepted that distortion levels of less than 205 will not usuilly be
objectionable to the system users. As can be seen from the test results
shovm in firure 25, syslen perflorrance at the 16 kb/s sample rate exceers
this limit by 4-%"., Syston perflovnance wien the sample rate iz increased
to 32 kb/s improves substantially., The total harmonic distortion level
drons to approximatley 64, Figure 26 shiows that the distortion level

at botih sample rates is relatively constant for all input power levels
within the normil operating rance except at the very low power levels,
When the encoder and decoder nmarameters are mismatched, the total har-
monié distortion pertforrnance siows some desradation as [loures 27, 293,
and 26 indicate, The lurrect -mount of deviation from the matched

system performance occurs at the very low mower levels where the impact
will have the least effect. Az figure 29 shows, total harmonic distortion
is most sensitive Lo misimtches of the encoder and decoder primary inte-—
grator pole {requencies, Syvllabic filter time constants and step size
ratios have minimal imnact on the systewm performance when mismatched,

however, all have the wost irpact 1t the very low input power levels,

Internodul 1iion Tistoriinn Intermoculation distortion performance for

the system rodel with nominal parameter values is shown in figure 30,

As is the case with the totzl harmonic distortion test, the draft standard
provides no perfromance criteria, In general, intermodulation levels

of more than 4-5% will be objectionable to a system user, At the 16 kb/s
sample rate, the intermodulation distortion measured ranges fron

1 to 5% dependins~ on the syllabic filter time constant used, The dig-
tortion falls to approximately 1% when the sample rate is increased to

32 kb/s. Figure 31 shows the systen intérwodulation response & the

input signal power is varied, System non-linearities cause the distortion
levels to rise at the very low signal levels and at the hich input power
levels., Across the normal onerating levels between -10 dBmO and ~30

dBmO, the distortion is generally less than 5%, When the cncoder and
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and deco ler are nismateched, the intermodulation distertion rerfor-
mance shows the same characteristics as the total harmonic diztortion,
The sten size ratio and syllabic filter time constant have a mininal

impacl on

sten verformince as shown by the results in fipures 32 and
33, Yhen the primary interrators have differing pole frequencies, the

intermodulntion distortion measurenents show more deviation from the

matche!l svetien performance as shown in fipgure 34,
Sicnal-to-"oise Ratio Ficures 35 to 43 show how the sysitoa w0 el

simal-to-ro performance changes with variations is gsystem parameters
and input test sicnale. The SHR performance under rratched conditions
with the standard test sisnal shows very little variation with differing
values of step size ratio, syllabic filter time constant, and primary
interrator vole frequency. Signal-to-noise ratio vs. innut frequency
performance meets the criteria set by the draft stnadard scross most of

the voice band, Tncoder/decoder mismatches of sten :in ».lio and syllabic
filter tire constant have very little impact on system performance., A

mismatch of the primary integrator pole frequencies, however, have a

much larger effect on system perfornance., The NN iz derraded helow

the crileria set by the draft standard, with the largest deviation frono

¢

the ideal performance occuring at the lower froaguencies, At the 16 kb/s
sample rate the SMNR is lowered by about © dB and at the 32 kb/s zpeed,
aroal 4 3,

Sirnal-to=-nolise ratio nerfornzcines vs. input sigmal power fails
to meet the criterin established in the draft standard, At input levels
below anproxirately —-10 4dBmO the model's performance falls below the

desired level., Trends in zyztem performance as ine result of variations

in the systen parcaebers can be observed i, spite of thic poor ;oriforunce,

2~ chowmy i Tiowes 47 W 'S, Matched gsystem verformance mininnl change
as the systen parancter: are siried across the ranges specified in Table

I. '“nen the encoder and decoder are motl natched, SYR, like to ol hisrueonic

diztortion md nteroo ulation distorlion, ohows 110U Jeviat o Do
tre mtched «v o0 performance except at the very low si;nal 1levw 1s,
Sy shows the most ohiooe “rom ideal system performance when the prinary

inteprator nole frequencies are nismatched,
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e The systen froquency roespotse choractoriotion are

in e draft o stmdoaed when neasured by the Dlat e thord,

speci ie

The resulte of the tests performed using Lhis technicue are chovm in fic-
ures 44 to 47,  The conputer model's performnince complice with the specified
criteria excoert at the top end of the voice band, The model's recponse
rolls ot'f sharrly abl apvroximately 5 iz, While the drzit standard allows
sone roll-ei’f, the response is not ~1lowed to breal sharyly until 6 Lo,
Variations in the system parameters have very little eficcl on the responce
characteristics when the encoder and decoder are maiched, Under ie-
matched conditvions, frequency response periormanc. follows the sane

4

the previously described

pattern as that ectablished in
zize ratio =nd syllanic filter time consiant have rinizal impact, while
the prinrcary integrator pole frequency causes increased deviation from

the matched ter: performance.,

Ugsing 1le freauency seleciive reasurenent technicus, the regsnonce
characteristics of the CVSL encoder and decoter connected back-to-~pach
without the input or outnrut filters were nmeasured, The resuits are shown
in figures.ﬂH to "1, These tests show that the response ~lls oil

”

rile rates, At

at, i the sample freauency at both the 16 and 32 kb/s sf
& Vitz for Lthe 1t wb/e sample rate and 8 Wiz for the 32 ¥u/s sample rate
the frequency response curves breaw sharpls, tucoder oand decoder nis-—
matel has practicnlly no effect on the freaucncy recponse of these
systern wrpenents, The rrimry integrator pole frequency shows slishtly
ore ¢ffecet on tha resyronoe than the other parancters, Its effect 1s

meinly at the vers Jow frequencies in the voice band,
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V., Conclusions and Recommendation:

The test results show that the computer model wuceis most of the
performance criteria set by the draft standard wien the sysien varaaoiors
are mitched ant ot Uiciv nenin il values, The output Tilter Joes not
have the stop Wnd loss characteristics specified in the standard and
as a result, the sysiem performance is marrinal, Signal-to-roise ritios
fall below the established criteria when the input power is less than
~10 dBn0, In spite of this, the zeuneral 2ffects of veriztions in the
system paraneter values and encolder/decoder mismatches can te observed
in the test results,

1, VWhen the encoder and decoder are ratched, changes in the o9

size ratic, ~yliztic FLlCer time coustant, and the primary integrator

sed by the draft gtaniard

pole frecuency values within the tolerances allcg
have a neligable offect on the transmittcd gional,

2, If the step size ratio or the syllabic filter time constant
are not the same in both the encoder and the decoder, the effoct of the

At input power

mismatch on Ve transmitted sipnal is neglipable exce
levels less than =32 dBmO, At these levels, the effects would not ke
noticeable to the system users,

3. System periormance is most censitive to encoder and decoder
pri;ury inteprator pole frequency mismatches., All the perforiance tests
show a lar-er deviation from the matched sy.ism performance wien the
priwiry integzrators zre mismnatched, This tvre of naraneter mismatch
dominaters rmismtches of i oilwer parancters,

4., The Trequensy resnonse of Phe arsioo 1g 2-ternined lavrely
by the ouiput filter when the pass band is restricted o less than
% the sarple rate, fhove % the sarnle rabte, the response is deterrined

tind.  The {requency sclective

by the CVSD encoder and decoder pus

Lot 1

meacurcent of ‘he encoler/Jecoder rosponge snots bt Lhe

incapable of meeting the drafi standard 7ain varintion ve, Trejuency
criterin riven in fipure 7a of Appendix A, The encoder and decoder alone

have a re. onse Liv. L falls off sharply abova 4 kilz for the 16 kb/s samnle

rate, wiile the standard requires that the response not fall off more

' than 5 77 until 0 e is reached,
5, The cpecificstlons o tolerances viven in the draft standarad

50




—_— e S
e o leauate to canure recsonable gyston perlartenes Iarovoiee il o
e treenemi e d sienale will el e ot derradaiion due to o e soen
Fiocatehie s between the encoder qnd decoder. T moch aages, bhe derrandgtion
ic miniael, bowever, o Pitionst L iting wvould be necessary to determine

if the system resyonse would continue to meet the draft stundard criterin

under nismtched conditions,

Recommendntions

1, Since this model's performance is marginal under idenl

conditions, mravcler oicaeteh causns the performance to fall kelow

the criteria set in the draft standard, Testing zhould be repeated usins
a filter that has hicher =ztop band loss. The additional testing should
concentrate on primary intecrator response nismatchoes between the

encoder and Cecoler, since the other parameters have little ¢ffect on

the sytem resnonse,

2. System tolernnce to bit errors in the transmission systen
was not tested, A mismatch between *-e encodnr and decoder may cauze
increased sensitivity to transmission errors, Testing to establish the
system resmonse to transmission bit error rate my be desireable,

3, The draft standard specifications for gain variation in the
rerion between 4 kliz and € kiiz for the 16 wh/s sample rate should Te
modi Tied, Terforvancs a3hould be allows2 to roll off as sharply as
vosszible abowe 3.5 K4,

4, Testing wss rorforned us=ing corntinuous sinusoidal tnnl

only, 1I masi-enclo i exrected to be used on the CVST syzien,
,
testiv ol ” 1 e repented nlns this Lyrs of sipnal 4 variou, 1hm
evint §oee o Tin e VBT S -orit s Tooends on the hiich samnle Lo
sannie correlifion o o intics ol tho wolice sirnal, quasli—-maios

AR -
N VS I

sionnle can be cxoected o sulfer rore Jeralation as Tl

.

rostrictive telerimoot rvr be nec-

cnaoder/ decodn s iorntones,

v L0 nure adleguaio reriorisnce vilh theoo siynalse Inoadadivion,

o

aore standapd sy be necessary, soadh as delay dictortion s

sifications,
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NATO

UNCLASSIYIGED

-3

1. General
1.1 Analogue/digital conversion of telephone signals (speech or
other voice-band signals shall be performed by a delta
coder/decoder using syllabic companding controlled by a
three bit logzic.
1.2 Block diagrams of the coder and decoder are shown in Figures 1
and 2,
A * ol
O——V. F, Filter [~ Comparator —O
Cc r »|ylz -]I‘-Todulation
IIevel
I 'Analyzer
' |
.V
D = xyz + Xyz
MLA
Integrator
Principal Pulse
Integrator Modulator
Fige. 1 - Block Schematic of the Coder
c! Pulse F Princirpal G V.F, B
o— todulator Integrator "ilter

LA

MLA |

Integrator

Fig. 2 - Block Schematic of the Decoder
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2,

2.4

3,2

MATO UNCIASSIFIED

—A-

Four-wire to Four-wire Audio Freaguency Characteristics

Relative Jevel at Points A and B

The relative levles at points A and B shall be -4 dBr.

The absolute level is calculated by the equation dBm = dBr + dBmO,

Impedance at Points A and B

The nominal value of.the impedance at points 4 and B shall be
600 ohms,

Return Joss at Points A and B against 600 ohms

The return loss at points A and B shall be 2 16 dB in the
frequency renge from 300 Hz to 3400 Hz against a load resistor
of 600 ohms with an input level of -20 dBmO.

Symmetry at Points A and B

Points A and B shall be balanced and not referred to ground,
i.e. shall be floating.

Details of the Coder and Decoder Circuits

Input and Output Audio. Filters

For frequencies above 6 kHz, each filter shall have an atten-
uation of = 25 4B,

Frequency Response of the Princival Integrator

The ideal amplitude frequency characteristic between points F
and G is shown in Figure 3,

A

f. =100 Hz to 300 Hz

° 6 dB/octave f; (optional) & 2700 Hz
dB f3 (optional) X 6400 Hz
12 dB/octave
6 dB/octave
L) 1]
fl f2 f3
f—_,

iy

Fig, 3 - Ideal Amplitude Frequency Characteristic of
the Principal Integrator
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3.3

3.5

NATO UNCLASSIFIED

-5

Modulation Level

A signal of 800 Hz and 0 dBmO, applied to point A of the coder
shall give a duty cycle (mean proportion of binary 'i! digits
at point D each one indicating a run of 3 equal bits at point
C) of cq = 0.5 at point D of the modulation level analyzer
MLA).

Compression and Expansion

In the coder and decoder the quantizing step size q which
drives the principle integrator at Point F, shall have an
essentially linear relationship to the duty cycle at point D
of the MLA integrator (see Figure 4).

1
P4
/// ————— UMominal Values
/4
a 72 — ——— limiting Values
Z7 (curve as n 1
q y /4 early
(o} . .
/// linear as possible
2
V4 a,= Quantizing Step Size
il at O dBmO
1 ///
50 1 g_ - 1 + 98 cd
0.5 ‘o 50
cg——>

Fig, 4 - Relation between MLA Output Duty Cycle and
Size of Quantizing Steps

It follows that the ratio of the quantizing step size at point
F corresponding to a ducy cycle of Cq = 0.5 at point D of

the MLA integrator at the minimum stép size q shall be

34 dB (provisional tolerance: + 2dB),

Companding Speed

The following is valid for the condition that C is connected to
C's VWhen an 800 Hz sine ave sipnal at point A is suddenly
changed from -42 dBmO to O dBmO the output cignal at point B
shall reach 90% of its final value within 2 mS t 4 S,

NOTE ¢~

The MLA integrator circuits of the coder and decoder shall
have the same characteristics and hence the same companding
speed,

NATO UNCLASSIFIED
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Procedure for Testing the Delta Decoder

The test bit sequence generator is connected to the decoder
input point C' (see Figure 2).

Testing is performed by means of periodical test bit sequences
(listed in Table 1) which result in audio signals at 800 Hz at
the decoder output point B, The 800 Hz levels at point B
shall conform to the values given in Table 1.

When the signal at point C' is -switched from the periodical
test bit sequence to the periodical test bit sequence g, then
the output signal at point B shall reach 90% of its final
value within 5.5 mS to 11,5 mS, When the signal at point C'
is switched from the periodical test bit sequence g to the
periodical test bit sequence a, then the output signal at
point B shall reach 10% of the value of the periodical test
bit sequence g within 4 mS to 8mS,

MOTL:—= for clarification

For an RC circuit in the MIA integrator with time constants of

4 mS for both charging and discharging, the envelope charac-
teristic of the output signal at point B is shown in Figure 5,
For the case of switching the signal at point C' from the seq-
uence g to sequence a, the amplitude at the beginning of dischar-
ging is at the first moment after switching higher - by a factor
of 50 - than the final value which is reached asymptotically.

The final value equals -42 dBmO, i.e. 0.00794, the amplitude

at the beginnine of the discharpging is hence C,.397 (cd = 0),

The value of 10% is then reached at 5.76 mS.

ﬂ_ ‘1i¥ Amplitude of Test
\\ Signal g (cd = 0,5)

Envelope

Beginning of Discharging
(cd = 0)

Amplitude of Test

. _ ! TN Simal a (cq = 0)

—’-[9.18 ms L— —45.76 l-—
ms

Fig., 5 - Envelope Characteristic of the Output Signal
at Point B (Half the Envelope)
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Table 1 - Bit Sequences for Testing Delta Decoder
- Test
Signals Bit Sequence cq (dBm2) x)
(1) 101101001001001011C -41.,5 & 3
a o]
(2) 1011011010101001001001.001001010101101101] -42 - 3
(1) 11011001001001001101
b 0.05 -25 + 2
(2) 1011011010101001 0010001 001001019011011011 -
(1) 10110101000100101011 -19 £ 2
c 0.1
(2) 1101101101010010001000100100101011011101 -18,5 ¢t 2
(1) 11011001 000010011011 <11 + 2
d 0,2
(2) 1101110110010100010000100010011010111011 ~11.5 o
(1) 11011010000010010111
e 0.3 -6,5% 1,5
(2) 1110111011001000100000010001001101110111
(1) 11011010000001001111 +
f 0.4 -3 - 1,5
(2) 1111011101010001 00300GH01CGo01C1011101111
(1) 11101010000000101111 .
g 0.5 0 -1
(2) 11111011101000100000000001 00010111011111
Cq Duty cycle at point D of the modulation level analyzer (MLA)
(1) Sequence of 20 bits for a digit rate o 16 kbits/s
(2) Sequence of 40 bits for a digit rate o 32 kbits/s
x) For the relative level see para., 2.1 above.
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Electrical Performance at Points A and B

General

The required values under 4,2 0 4,8 are valid for the condi-
tion that C is counected to C',

For measurement, the input (point A) and the output (point B)
are to be terminated with 600 ohms, and signals whose fre-
quencies are sub-multinles of the sampling rate shall be
avoided. Accordingly, where a nominal test signal frequency
of 800 Hz is indicated, the actual frequency shall be slightly
different; a preferred value is 820 Hz, but frequencies from
804 to 860 Hz.

The measurements according to Sections 4.2 to 4.5 shall be
performed selectively.

Insertion loss between Points A and B

The insertion loss between points A and B at 800 Hz with an

input level of 0 dBmO shall be O dBMO ¥ 2 dB. The insertion loss

contributed by the transmit and receive sides shall not ex-
ceed one-half of the value.,

Attenuation Distortion with Frequency

The attenuation distortion relative to 800 Hz measured-with an
input level of -20 dBmO applied to point A shall be within the
limits of Figure 6. The distortion contributed by the trans-—
mit side alone, measured at point G of the coder, shall not
exceed the limits indicated by the broken lines in Figure 6,

Variation of Gain with Input level

The deviation of the output level compared with the value at
-20 dBmO shall not exceed the limits given in Figure 7 for a
frequency of 800 Hz.

Idle Channel Noisge

Idle channel noise at 1o kbits/s:

The idle channel noise at point B shall not exceed ~45 dBmOp.
The level of any single frequency, measured selectively, shall
not exceed =50 dBmO in the frequency range from 0,3 kHz to

8 kiz, MATO UMNCLASSIFIED
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Idle channel noise at 32 kbit/s:-

The idle channel noise at point B shall not exceed -60 dBmOp.
The level of any single frequency, meaured selectively, shall
not exceed -65 dBmO in the frequency range from 0.3 kHz to
16 kHz.

Variation of Quantization and Harmonic Distortion with Input
lLevel

The distortion shall be mesured unweighted with a sinewave
test signal at 800 4z, With such a signal applied to point
A, the ratio of siznal to distortion power at the output
point B shall he a“ove the limits of Figure 8.

Variation of Quantizing and Harmonic Distortion with Freaquency

The distortion shall te measured unweighted with a sinewave
test signal of -20 éBmO. With such a test signal applied to
point A, the ratio of signal to distortion power at the output
point B shall be above the limits of Figure 9,
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Fig., 6a - Attenuation Distortion with Freguency
at a Digit Rate of 16 kbit/s
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Fig 6b - Attenuation Distortion with Frequency

at a Digit Rate of 32 kbit/s
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Fig. 7a - Variation of Gain with Input level
at a Digit-Pate of 16 kbit/s
.
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Fig. 7b - Variation of Gain with Input level
at a Digit Rate of 32 kbit/s
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Fig.8 - Quantizing and Barmonic Distortion with level
at a Digit Rate of 16 kbit/s
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Fig. 9a - Quantizing and Marmoric Distertion with Freaquency
at a Digit Rate of 16 kbit/s
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Fig. 9b - Quantizing and Harmonic Distortion with Frequency
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APPENDIX B

CVSD Fneodine Subrousine

SUBROUTINE ENCODEL ¢ INPUT, OUTPUT, N, F$,FCL,FCB,FCI, TC, UMAX, URIN, DC)
temmiessciacanaeaaCUSD ENCCDER SUSROUTINE

< THE SUBROUTINE CONUERTS At INPUT TIMT FUNCTION TO AN CUTPUT SIMARY
v DATA STREAM., JOTH INPUT AND CUTPUT I3 DINE THGLUSH ARRAYS.,

CEE8884888823 8208232822 VARTABLES SEIIXRIRILALTEATIL S AIAALAITLTTLRRIARRE
IMPUT = AN ARRAY CONTAINING THE INPUT TIME FUNCTION SAMPLES.
OUTPUT » AN ARRAY CONTAINING THE OUTPUT BIMARY DATA STREAM.

N ¢ THE NUMBER OF SAMPLES,

FC1, FC2, FC3 » ROLL-OFF FREGUENCIES OF THME PRIFARY INTECRATOR.
TC o THE TIME COMSTAMT OF THE SYLLABIC FILTER.

ALPHA = THE DECAY RATE OF THE PRIMARY INTEGRATOR.

BETA « THE DECAY RATE OF THE SYLLABIC FILTER.

EM = THE SICM CF THE DIFFERENCE BETUEEN THE CURRENT INPUT AND
THE CURKENT ESTIFATE.

ENL o THE SIGH OF THE DIFFERENCE ONE THE PERIOD AGO.

EM2 « THE SIGN OF THE DIFFERENCE TWO TIPE PERIODS AQO.

WIIN « THE RINIFUM IMPUT TO THE SYLLABIC FILTER,

UHIAX « THE MAXIMUN INPUT TO THE SYLLABIC FILTER.

F$ = THE SAWPLE RATE.

DELTAN = THE CURRENT STEP $1ZE.

DIF = THE DIFFERENCE DETUEEN THE CURRENT INPUT AND THE CURRENT
ESTIMATE.

3 = THE CURRENT ESTIMATE.

DC o THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR FOR THE
CURRENT IMPUT STRING.

[ r8sovococritetonsortttrocsiocenitisesttotorttsoatosditsoreenssatersresd
[~3cstievecvelistiocepoddtocritintpiodretitrrsrtrtordtrosrcoioristetroecsy

G ~SUBROUTINE START
G INITIALIZE VARIABLES AND ARRAYS
REAL INPUT(N)
INTEGER CUTPUT(N)
%ﬂ X'.‘.Vl/. Enl/8/, ENE/S/, P173.1415826538/
- .
DELTAN =« UMIN
C=~=— CALCULATE DECAY RATES OF ENCODER FILTERS

OO O 00 O O O O O O 00 O O O O 6 6 O

ALPHA « EXP (-(2. £ P L FCL 7 F3))
BETA ¢ EXP (-(2. S P17 TC /7 F8))

Cmee= START ENCODIMNG
D)Sel . 1.,N
o= CALCULATE THE OUTPUT OF THE CORMPARATOR

DIFe INPUT(I) -~ XN
En » SIGN(L..DIF)

Cova= GEMERATE MEW ESTIPATE

¢ o ALPHA X )0 ¢ (1 - ALPHA) B DELTAN SEN
Y = URIN




R

Co~— CEMERATE THE MEXT OUTPUT OF THE SLOPE OVERLOAD DETECTOR
1F (CC(EN .AND, ENL) (AND., EN2) .EQ. 1.) .OR,
$CCCEM (AND. EN1) .PND, EN2) LEQ. =1.)) U » UNAX
IF (Vv .EQ. UMAX) SUM = SUN + 1§

C==== GENERATE NEXT STEP SIZE
DELTAM = BETA & DELTAN ¢ (1 - BETAY 3 U

C——— SHIFT THE SLOPE OVERLOAD DETECTOR SHIFT REGISTER
ENG = EM3
ENt = EN
OUTPUT(I) = EN

C——— POLAR TO BINARY CONVERT

IF (EM .EQ. -1) OUTPUT(I) = @
CONTINUE

]

C—— CALCULATE SLOPE OVERLOAD DETECTOR DUTY CYCLE
DCeSUN/ N
RETURN
END
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APPEMDIX C
CVSh Decodin~ Subroutine
SUBROUTINE DECODE! ( INPUT, OUTPUT,N,F8,FCL,FCE,FCI, TC,UMX, URIN, DC)
sensas-cmessecacaaaCUSD DECODING SUBROUTING
THL3 SUBROUTINE DECODES THE BINARY DATA STREAM CONTAINED IN THE
gﬁu&m?v AND PUTS THE OUTPUT TINE FUMCTION SAMPLES IN THE OUT-
CH8888448842422222252X5IXIL VARIABLES SEEIIZXTIXTIISILAASEALALITLIRILLRASE
INPUT o AN ARRAY CONTAINING THE INPUT BINARY DATA STREMA.
QUTPUT « AN ARRAY CONTAINING THE OUTPUT TIME FUNCTION
N o THE NUMDER OF SAMPLES
F$ o THE SAMPLE RATE
FC1, FC2, FCI » ROLL-OFF FREQUENCIES OF THE PRINARY INTECRATOR
TC » THE TIME CONSTANT OF THE SYLLABIC FILTER.
XN = THE CURRENT OUTPUT TIFE SARPLE
ENt « THE SIGM OF THE DIFFERENCE ONE TIME PERIOD AGO
EN2 = THE SICN OF THE DIFFERENCE TUO TIME PERIODS AGO.
URAX = THE BAXIMUM IMNPUT TO THE SYLLABIC FILTER
UNIN = THE MINIMUM INPUT TO THE SYLLRIIC FILTER
DELTAM  THE CURRENT STEP SI12E
ALPHA o THE DECAY RATE OF THE PRIMNARY INTEGRATOR
BETA o THE DECAY RATE OF THE SYLLABIC FILTER
DC o THE SLOPE OVERLOAD DETECTOR DUTY CYCLE.

Colols €0

[

[ ]

O 0 6 0 0 0 0 0 0 0 06 06 6

[nocesreteserdodosocnredosioddiorssifsdocestiosesttoiecerttoreecerioelesed
[=oeedboldocesdtptptlostbdodiotbbooettrdtceiitovelitldionetidliooccatetotedsy

€~ SUBROUTINE START
‘—- INITIALIZE VARIABLES AND ARRAYS

‘ DIFENSION IMPUT(N), QUTPUT(N)
' DATA )O.U.l. EN1/8/, EN3/0/, P173.1415926836/

SUR = 0,
DELTAM = UMIN
C~—=— CALCULATE FILTER DECAY RATES

ALPHA o EXP (-(2. X PI 3 FCL / F8))
BETA = ExXP (~(2. 2 P11 7/ TC 7 F$))

O START DECODIMQ
DOSe I~ g,N

See=s GET MEXT INPUT BIT AND BINARY TO POLAR CONVERT

“EN o INPUT(I)
IF C(INPUT(D) .EC. @) EN o -1
Comee GENERATE NEXT OUTPUT TIRE SANPLE

XN o ALPMA 8 XN ¢ (1 =~ ALPHA) 8 DELTAM 3EM
V o UNIN

.98




c-—-mnmmmﬁwmmowmmmm
IF CC(C EN AND, ENt) AND, EN2) Q. 1.) .OR.
JCCEN (AND, ENL) 98D, E22) LEQs =1.)) U @ UKAX
IF (VU .EQ. UMAX} SUM « SUN + 1
C~== GENERATE NEXT STEP SIZE
DELTAN « BETA & DELYTAN ¢ (1 - BETA) 8 V

C~—= SHIFT THE SLOPE OUVERLOAD DETECTOR SHIFT REQISTER

C~==~ CALCULATE THE SLOPE OVERLOAD DETECTOR DUTY CYCLE
DCeSM/ N
RETURN
END
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APPEMNDLX D

FIR Filtering Subroutine (¥IJTER)

SUBROUTINE FILTER(XT, N, MNP, §)
Jessaccos qucaccaccccaaFIR FILTER SUBROUTINE
THIS SUBROUTINE FILTERS AN INPUT TINE FUNCTICN S”PLE STEINO USINO
FILTER COZFFICIENTS CI~ZTATED BY #N ExThNAl FILTIR
ROUTINE, THT FILT 772D TIIZ FUMSTICN €70 PLES 071 PLA J I
SAME RRRAY AS TH:I IMZUT £ KITUN TO TFI C2LLILD F..070 £, TUE
TO THE FILTER TICHNICLE, OO0 SAFPLES AT THE LZOINNING AND €MD
OF THE SAMPLE STRING AdE LOST,
8388822823 L2SITAXXILXTILIX VARIAZLES EXXXTTXITLTETIXATIELANTRLLIRLISRAELR

XT o THE ARRAY CONTAINING THE INPUT SeMPLE STRING AMD AFTER PRO-~
CESSING, THE FILTCRAED SAMPLE STRING.

N o THE NUMBER OF SAMPLES IN THE IMPUT ARRAY

NP = THE NUMBER OF FILTER COEFFICIENTS

B = AN ARRAY CONTAINING THE FILTER CCSFFICIENTS

[=eccettptrecelditiolectiiilioveecesibtrecteddoncrtdoesctsorioeediiteceesd

¢ SUBROUTINE START:

C-==— INITIALIZE VARIABLES AND ARRAYS
DIMENSION XT(N), B(NP)

C-—— FILTER THE INPUT SAMPLE STRING

100 I » 1,4690

209 + 1

€0 J = |, NP
¢ .EO 1) SUM = BCJ) £ XTCK)

€ O O OC € Ctil)Cerss

378

SUM e SUM ¢ B(J) T IXT(K ¢ J ~ 1) ¢ XT(K~-J ¢+ 1))
2 ] CONTINUE

XT(1) = SUN
100 CONTIMUE

RETURN

END
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APPEMDIX E

FIR Filter Coefficient Generating Subroutine

SUBROUTINE FLTRGEN(BETA,GAMPA, NP, 3)
Semccsccccscacnae cw=aafAXIPALLY FLAT FILTER PROGRAM
™IS PROGRAM OUTPUTS THE FIR FILTEX COZFFICIENTS CALCULATED BY
SUBRQUTINE MXFLAT. THIS ROUTINI EITVIR FITURNS THE CALCULATED
COEFFICIENTS TO ™% CALLING FRCCIAM OR PIINTS OUT THE FRACR FES-
SAGES UHEN THE CCIFFICIENTS CAMNOT BE DETERMINED DUE TO THE CHOICE
OF INPUT PARPMETERS.
THIS SUBROUTINE AND THE MXFLAT AND RATPRX SIRROUTINES USED TO
GENERATE TIME KaXIFally FLAY FIR FILTTX C2TFFICICNTS AT ADAPTED
FROM A PROGRAM DIVILCPED BY Jo F. KAICIR (F EILL LAICIATCRIES.
THIS PROGAAM VAS #.:LIC-=€D IN *PROCRAMS FOR DIGITAL SIGrAL PRO-
CESSING® BY THE IEEE PxESS.
CEEXLLLLSLTRILLILNLTTAS VARIASLES ZITITTITITIXRILIATITRILATLATSETLTLLSES
BETA » THE NORMALIZED CENTER FREQUENCY OF THE TRANSITION BAND
GAMMA © THE NORMALIZED WIDTH OF THE TRANSITION BAND
MNP » THE NUMPER OF FILTER COEFFICIENTS
B = AN ARRAY CONTAIMING THE FILTER COEFFICIENTS
LIRIT o THE LARGEST NUMBER OF FILTER COEFFICIENTS ALLOVED
IERR « THE NUMBER OF THE ERRCR MESSAGE
A & C = VORKING ARRAYS
(oot tdiogiptbioaereentiiocetorsoddttoatodiboctiorsanetrtoseaciotrioiisis]
C- ~SUBROUTINE START
C = INITIALIZE VARIASLES AND ARRAVS
2{#1775!0" 2(29.).'(2“) ,C(290)
CALL MXFLAT(BETA, GAMA, NP, A, B, C, LIRIT, 1ERR)

G~ PRINT RESULTS

Cole®sre"

0OOONHO

O O 0 0 6 OO0

IF (1ERR .GT. 1) WITE(G 999') BETA, CaMma
FORMAT(* FOR BETA » *,F5,3.° AND GAYIA = *,F5.3)
GO0 70 (10, &0, 39, 49), lERR

RETURMN

UR!TE(S.Q?Q’H

FORRAT(® BETA NOT IN RANGE O. ~ .B°)

sT0P
VRITE(S,9998)
FO’MT(‘ CAMPA NOT IN RAMQE®)

W!T‘E(C.m
:g&gh?(' GAMMA TOO SMALL, MIN I8 .04¢%)

s 3¢ 385
H
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APPEMDIX F

Subroutine IDFIAT — Part of FIR Filser Generator

SUSROUTINE MXFLAT(BE, GA, NP, A, B, ¢, LIMIT, IERR)
smeneescacmceceaeaGUBROUTINE IFLAT

THIS SUBROUTINE COMPUTES THE COSFFICIENTS OF A MAXIMALLY FLAT FIR
LINEAR PHASE FILTER.

SE833838882 222 ELLTALIRILRX VARIADLES RLTIXTSTITIZLETATIZTLARLALSLILILLLNY

BE + CENTER OF THE TPONSITION REGION, RANCE = O, TO .6
FREQUENCY 1S NORMALIZED TO THz SAMPLE RATE.

QA = UIDTH OF THE TRAMSITION REQION, WHERE THE OUTPUT AMPLITUDE
DECREASES FROM OSX TO 6X.

CoFs 7o

[

<

<

¢

¢

¢ LIRIT « THE MAXINUM NUMBER OF COEFFICIENTS IN THME FILTER
c B » THE ARRAY CONTAINING THE FILTER COEFFICIENTS

[ JERR ¢ ERROR MESSAGES

[ 1, NORMAL LETUM

¢ 2, BETA ROT IN RANGE

[ 3, GARPA MOT IN RANGE

[ 4, GAANA TOO SMALL, LESS THAM .04

¢ A * UYORKING ARRAY

¢ C * YORKING ARRAY

c K = NURBER OF ZEROS AT NYQUIST FREOUENCY

[ L = MUPBER OF ZERO DERIUATIVES AT 2ERO FREOQ

¢

NT = FILTER HALF ORDER = NP - }

[ e s trtaccadttoreetitorrtoevetttbocsabicecdttooceertivatorrterdion]

¢ SUSROUTINE START:

C=—= INITIALIZE VARIABLES AND ARRAYS
DIMENSION A(LINIT), BM(LIMIT), C(LIMIT)
IERR »

TUOPI « 8. X ATAN(1.0)
(BE LLE. 0.) .CR. (3E .GE. .5)) GO TO 80
PAINI(2. X BE, L., - 2. % BE)
L;i’- 1)) Q0 TO P

ggk%iﬂiﬂ
w3
:

[}
‘8
L]
-
n~a

Cmeew COMPUTE RAGMITUDE AT NP POINTS
€(41) = 3.

e m————— s~ -
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APPENDIX G

Subroutine RATPRX - Part of FIF Filter Generator

SUBROUTINE RATPRX(A, N, K, NP, GLIN)
O ~==SUBROUTINE RATPRX

TMIS SUBROUTIME COMPUTES THE RATICHMAL FRACTION APPROXIFATION, K/NP

To MURBER & UITHIN THE LINIT OF M Co Wb o 220 FOR THE DEhoMIN-

C"l“l“ll“““t!m VARIADLES ZISESIIIREIITERSILELRILEXLERNERERNLES
& s THE DESIRED MUMBER

N o INTEGER MAX LOVER LINIT OM NP

K o INTEGER NUMERATOR

WP « INTEGER DENONINATOR

N RETURNG AS WP - 1

K / 4 IS NEAREST TO A IN THE ALGEZRAIC SENSE, M ¢ LINIT
[ro v 0 g 200t 3de i st Pidileditocriteseotioccoodtororotrrscotiteosrooetsvne]

CrloParets

€

€

O O O 6 6

©
I Nk
™
A
3
.

GMAX ,GT. QLIN) GmAX = QLIN

[ ] [ [ ]
»""80'x
OmMMw DS e

- g~ g
g- h ] .
R
8
3

I.‘allla
8

-4

(A1 3 00 + PP, A)

-~
mi
-

« NP) GO TO 4

.R%

f?igiff S2F"88I
“ié ot
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APPEMDIX H

Syllabic Filter Output vs, Slope Overload Detector Duty Cycle

PROGRAR STEPSZ(INPUT,OUTPUT, TAPES« INPUT, TAPES=OUTPUT, PLOT )
----------- s=eeeeemeceee—STEP $I1ZE CALCULATION

THIS PROGRANM CALCULATES THS STEP SIZE OUTPUT OF THE SVLLASIC FIit-
TER USED [N T:C CUSD ENCCTTR AND TECOTIR, TFT STEP §177 LITTRMIN-
ED RS A Fi ZTICN CF Trs cLiT &

THE DETECTCR £
SYLLAZIC FILTI? CUTFUT ¢
THE CALCULATICHS xS FET
RATES AMD THE DATA PLOTTED

OO0 OO0OOOHOCOC

SEXXTTIXALZITIIITLLRLLLLLE VARTADLES SERISALTLRLTTTALTERTTLLLLITLXLLILLE

CD = A REAL ARRAY CONTRINING THE DUTY CYCLE POINTS AT WHICH CALCU-
LATION OF THS AUCRAGE STEP SIZE IS PERFGRMED.

STEP = A REAL ARRAY CONTAINING THE AVERAGE STEP SIZES

UMAX e A REAL VARIABLE USZD £S5 THE INPUT TO THE SYLLABIC F
TO DETERMINE THE MAXIFLT STEP SIZE, e 1¢ FILTER

UNIN = A REAL UARIABLE USED AS THE IMPUT TO THE SYLLABIC F
TO DETERMIKE THE MINIZUY STEP SIZE. 1¢ FILTER

F$ * THE SAMPLE RATE BEING USED.
TC » THE TIME CONSTANT OF THE SYLLABIC FILTER.

BETA = THE DECAY RATE OF THE OUTPUT OF THE SYLLABIC F
ONE TIRE STEP, LTER DRDG

1, J » COUNTING INDICES FOR THE *DO* LOOPS.
DELTA = THE CURRENT VALUE OF THE STEP SIZE.
SUM » A PUNNING TOTAL OF THE 6T CA TED
hat EPS CALCULA TO BE USED FOR

V « THE CURRENT VALUE OF THE INPUT TO THE SYLLABIC FILTER.

DI, JT o INTFOER UOQIABLES USED IN CALCULATING UHEM THE INPUT
heE sviiazic FILTLR €~ iUulD BE CHANGED FRON UNIN TO Urax, ‘DP
I8 UMAX FOR *ITH® *J°,

OO0 ONOOOOOOOOD

2€s sF0%>

LA LS R R R R R e i ttditdttattopidotsettotdopdatontoceitofriiotartnceed
-PROGRAN START
Seces INITIALIZE WARIABLES MO ARRAYS
DIMENSION CD(SR), STEP(SR)
50 1008 17 o 1es Y
€anen ENTER WORKING UARIADLES
¢ w0 s, Fs, Te.5C1, RATIO
é-- CALCULATE SYLLABIC FILTER DECAY RATE

BETA « EXP (-(2. X P1 /TC / FS))
CALL URAXOPT(UMAX,UIIN,FS,FCL,TC,RATIO)

¢

g——- START CALCULATION OF STEP SIZES
DO 100 1 - 2,60
DELTA = 0.

. 9.
¢
gmuLmummuaumronwumwmmu
DO SO J « 1,500

===~ THE INPUT TO THE SYLLABIC FILTER I8 UMIN UNLESS J IS EVENLY
g DIVISADLE BY I,

V e URIN

Bl e J1

JteJbl g1

IF ¢JT .€0. J) VU « UMAX

BELTA © BETA 8 DELTA ¢ (1. -~ BETA) B V

»

L]
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SUM * SUM ¢ DELTA
e CONTINUE

¢
g—-WﬁMYWMMNMWSIZ

CD(1-4) = {. 7
STEP(1-1) = SUR / 600,
100 CONTIMUE

¢
C——— CALCULATE THE AVERAGE STEP UALUE FOR A DUTY CYCLE OF ZERO.
KL'M'O.
[

SUN o
Ve WIN
DO 200 J 50‘
DELTA ° FETA CELTA ¢+ (1, ~ BETMI 3 V
SUM s SUN ¢ DELTA
2080 CONTINUE
CD(S0) = 6.
STEP(68) = SUN / §00.

&—RIMNMMW?&

¢ .
PAINT B, * FOR THE FOLLOUING SYSTEN PARAETERS)*
PRINT t.° SAPSLE RATE o ,F5,% BPS*
PRINT ¢.° TC o tLTC
PRINT 8, * FE1 o 0 FCY
PRINT 1, ° RATIO o’ *,RATI0
PRINT 8,* THE FOLLOJING SVSTEM PARMMETERS AREs®
SS%:‘J t20 Ramn STER S12E « SogTER(Y JramN STZE
s, STEP $IZE » *,4TEP(1),°  WINIMUM STEP o
1STEP(SQ) '
IF (IT .GT. 1) GO T0 00
CALL FACTOR(.S)

GALL AX15(0-0-0'6, 15 311P SITE (V),13,6
(9, «@,15-57EP SI1ZE (V),13,6.0,99.0,STEP(61),STEP(53))
CALL AX15(0.8,0.9,10AILTY CYCLE,~19,10.0,0.9,C0(51),C00(83))
CALL RECT(O., 0., 6., 10., 0., J)
900 CONTIMNUE
ICHAR = IT -
gALL hIEE(CD.STEP +59,1,10, ICHAR)

CALL PLOTE(N)
Exd
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APPENDIX I

VMAX Calculating Subroutine

SUBROUTINE UMAXOPT (UMAX, UMIN,F§,FCL, TC,RATIO)
NI IA R RSN i 1 220 tdespeddoposdotiosidotdibalecrttoacteeiitstotstind

THI3 3UEROUTINE CALCULATES THZ VALLE CF URMAX #ND URIN BASED ON
THE IN2UT $4%3LE RATZ, SYLLAZIC FILTTR T, FRI7UAY_IMTICUATOR
ROLL-CFF FrIli onCy (FC1), £ ) T+ JATIO BETUTUN TR PAXINUA STEP
SIZE AND MIND. 1 §7T9 €732 CJT"!T rE Mz "V" JIC FILTYR,  TMIS
CALCULATICN 15 FTI7C” "D m’ Ak r.- *NCETRASS LY OF © 3 M2 AMD

OCIOIOIC.C1 77

SIGNAL £72ALIT. IS CF . TR UALL.S CF G, X #ND U./[M @XE
%%ﬁ'{gb gUCH THAT THE W‘I’Y CYCLE OF THE SLGPE OVERLOAD DETECTOR

CSEESESTLLITTALTIRLSIXILLIL VARIABLES SEAXLIIELTLILTAITALALLATERARIXITINLE
UMAX s THE MAXIMUM INPUT TO THE SYLLABIC FILTER

URIN o THE MINIMUM IMPUT TO THE SYLLABIC FILTER

FS * THE SAMPLE RATE

FCL = THE ROLL-OFF FREGUEMCY OF THE PRIMARY INTEGRATOR

TC » THE TIME CONSTANT OF TKE SYLLABIC FILTER

RATIO o THE RATIO IETUEEN THE MAXIMURM STEP SIZE AND THE MINIMUM
STEP SIZE OUTPUT OF THE SYLLABIC FILTZR

T6 * AN ARRAY CONTAINING THE TEST SIGNAL SAMPLES
" BINOUT « AN ARRAY CONTAIMING THE BINARY OUTPUT OF THE ENCODER
PEAKL = THE PEAX VALUE OF THE TEST SIGMAL AMPLITUDE

DIF o THE DIFFERENCE BETLEEN THE SLOPE OVERLOAD DETECTOR DUTY
CYCLE AND THE LESIRED VALUE OF .5.

RAT = THE RATIO CF THME DUTY CYCLE DIFFERENCE TO THE DESIRED VUALUE
CEIALTERLLXATIIXLILIITIL SUSROUTINES USED IZZTITAITTXXTLITITIFTIXXLRALXEN
(4 SIGMAL = THE TEST SIGNAL GENERATOR

1] URINOPT o CALCLULATES THE VALUE OF UMIN THAT PAIRS UITH THE CaL-
c CULATED UALLE OF Wiax
¢ ENCODES » THE CUSD EMCODER
[~ etsosionsttroresceifirioctaccrtttorerisrrectdoecitsancecseossoiocess)
- SUBROUTINE START
C=—= INITIALIZE ARRAYS AND UARIABLES
DIMENSION TS(40%6)
INTECTR DINCUT(4.238)
A(DEKRI) = SAT(10. XX((DPMO -4.)/18.) X .001 3 €00.) T SORT(R.)
PEAKL = A(S.)

= 10.

0O OO0 O O O 00 O O O O O

C—== CALCLATE TEST SIGNAL SAPLES

CALL SIGNAL(TS, 4096,F3,800.,0.,PEAK],0.)
Cemss START UMAX CALCULATION LOOP
] CONTIMUE
== CALCULATE ESTIMATED ENCODER PARAMETERS
CALL UNINOPT(URAX,UMIN,FS, TC,RATIO)
Co=== PROCESS THE TEST SIGNAL
CALL ENCODEL(TS, BINOUT, 40568,F$,FC3,FCR,FCI, TC, UMAX, UMIN, DC )

G-—— FIND TME DIFFERTICE BETUEEN TME OUTY CYCLE US
€ UMAX AND UAIN D THE LESINED LUty CYOLE T o e ESTIRATED

DIF « bDC - .5
MY'MII.‘
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C=—= IF THE DUTY CYCLE IS VITHIN iX OF THE DESIRED UALLUE RETURN
c THE URAX AND URMIM UALLES TO THE CALLING PYOGRAM

IF (ADS(RAT) .LE. .81) GO TO 938

G OTHERUISE REESTIMATE UMAX AND REPEAT CALCULATIONS
URAX & UMAX ¢ .S 2 RAT § UMAX

900 CONTIME
RETURN
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APPENDIX J

VRIN Calculatins Sobtroniine

SUBROUTINE \MINOPT(UMAX,URIN,FS,TC,RATIO)

I L TR L Ny R LR R R i iittteditocteetitioditterstttorebottoelonsitdiototd

THIS SUBROUTINE CALCULATES THI VALUE OF WI'IN THAT PAIPS UITH

THE VALUE OF LMAX THAT 15 IF7UT 53 THPAT TLE RATIO CF TRE MAX=
MU STEP SIZT TO MINIMLA STT2 SITE AT T/ I CUTAUT OF ThE SYLLABIC
FILTER 1S UITHIN .61% OF THE walié E€PEZCIFIED.

0488844882285 L2XXXL2XT VARIRBLES EERIITLISLARSTITLTLLXILRILRILLLEINT

URAX ¢ THE MAXIMUM INPUT VALUE OF THE SYLLABIC FILTER

URIN « THE MINIMUM VALUE IMPUT TO THE SYLLABIC FILTER

FS » THE SAMPLE RATE

TC = THE TIME CONSTANT OF THE SYLLABIC FILTER
W-MWIMWCIIA?MWOFMMWICF!L-

HXHS'EEP = THE RINIMUR STEP SIZE AT THE OUTPUT OF THE SYLLABIC FIL-

BETA = THE DECAY RATE OF THE SYLLABIC FILTER
SUR » THE RUNNING SUM OF STEP SI2ES

RATIO = THE DESIRED RATIO PETLZEN THT MAXIMM STEP S1ZE AND THE
MINIMUM STEP SIZE AT THE CUTPUT CF THE SYLLARIC FILTER IN D3

R = THE VOLTAGE RATIO EQUIVALENT OF RATIO
DELYA = THE CURRENT STEP S1ZE

[~ e2teosetttesoctoidtoctortecasdtroctoptossofeecctrtbrrcetdioctecaittese]
C~——= INITIALIZE UARIABLES AND ARRAYS

REAL MAXSTEP, PIMSTEP
DATA P1/3.1415%57..5357
R = 18. XX (RATIO 7 29,)

IC-— CALCULATE SYLLABIC FILTER DECAY RATE

BETA » BXP (-(2. S PL 7 TC 7/ F8))

.0-- ESTIMATE INITIAL VALLE OF UMIN

¢
]

UNIN o Umax /7 190,
START CALCULATION LOOP
COMTINUE

Coe== INITIAL RUMNING SUN AMD STEP S$12¢

U = @,
DELTA = 0.

Ce=s= CALCULATE AVERAGE MAXIMUN STES 812F

10

DO 12 1 « 1,500
107 ¢ 3 2
IT » IDT s @
U s UAIN

52&.‘.' “S8iala beLT
. A (L, -
geLTa o JETA 2 E MO ZV

CONTIME
MAXSTEP « SUN / 500.

Comme REINITIALIZE RUNNING SUM sTeP
DELTA = o, mo $1zx
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C—= CALCULATE CURRENT ESTIMATE OF THE RMINIMUM STEP $12E
DO IS T » 1,509
DELTA = BETA £ CELTA ¢ (1. - BETA) 3 UMM
U = SUH + DELTA
CONTINUE
RIKSTEP = SUM / S00.
C——== FIND THE DIFFEREMNCE BETUEEN THE ESTIMATE AND THE SPECIFIED RATIO
TAIN = RAXSTEP / R
DIF = TRIN - MINSTEP
RAT * ABS (DIF) 7 TNIN % 100.
C==-- IF THE DIFFERENCE IS LESS THAN .81% RETURM UMIN
IF (RAT .LE. .01) GO TO £99

C—=- IF THE DIFFERENCE 1§ GREATER, THEN REESTIMATE UMIM AND REPEAT
¢ CALCULATIONS

UMIN » USIN ¢ .5 3 DIF
G0 105

999 CONTINUE
RETURN

1%

110

|




O000000N

APPEMDIX ¥

CYSD Svaton Ster Dooronae Prosmaen

PROGRAN PULSE ( INPUT,QUTPUT, T'QPEG-OUTPUT.PLO‘T)

THIS PROCRAR PLOTS TWE QUTPUT SICNAL OF TWE CUSD TW\‘N‘SHXSSION
SYSTEM UMEN THE INOUT SILMAL IS A 223 MERTZ SINT

THAT UARIES IS5 ANPLITL.IE FROM -43 0093 70 @ N "P't. TEST
SIGNAL GEAEPATCR ﬁLT'-"ﬁ":LV CINITATES 639 €arOLES AT -43 joxdal J
AND @ CI~d IN CRIER TQ {1 TMSTRATI w3 Sy5T5%’'S STTP PISPONSE
CHARACTERISTICS., TH1 5vu™7M UNTIV TEST CONSISTS CF Ty 18PUT
FILTER,THE CU3SD ENCCIER AND DECOLER, AND ThE OUTPUT FILTER.

CEI2LLSTLLILAILLTIR2L22T VARIABLES XXXILEEZLLIXTAXTTIIITITLIRLLLTRLLISILEIXE

T 0 000 OO0 00 O OO0 0O O O 00 O 00 O

€€

TSIN « AN ARRAY CONTAINING THE INPUT TIME SERIES SAMPLES.

TSOUT = AN ARRAY CONTAINING FIRST TME DECCDER OQUTPUT TIME SERIES
SAMPLES, THEN THE OUTPUT TIME SERIES SAMPLES OF THE FIR FILTER.

B o AN ARRAY CONTAINING THRE FILTER COEFFICIENTS.

TINE = AN ARRAY CONTAINING THE TIME THAY THE FIRST 200 SAMPLES
ARE TAKEN SO THAT THEY MAY BE PLOTTED.

BINOUT = AN ARRAY CONTAINING THE BINARY OUTPUT OF THE CUSD ENCODER
AMPL o THE ANPLITUDE OF THE TEST SIGNAL IN DBMe.

FS = THE SAMPLE RATE.

FC&GOFCZ. FC3 = THE ROLL-OFF FREQUENCIES OF THE PRIMARY INTEGRA-

TC « THE TINRE CONSTANT OF TME SYLLABIC FILTERS.
W)T( & UNIN « THE MAXIMUN AND RINIMUM INPUTS TO THE SYLLABIC FIL-

A « THE NORMALIZED CENTER OF THE TRANSITION BAND OF TME LOW
PASS FILTER.

QANMA « THE MORMALIZED UIDTH OF TRE ROLL~OFF REGICN CF THE OUTPUT
FILTER. THE RIGISN IS THE FREGUENCY BAND BETUEEN THE 5% AND
% OUTPUT ANPLITULES.

PEAKS = THE MAXIMUR AMPLITUDE OF THE TEST SIGNAL IN VOLTS.

NP « THE MUMBER OF FILTER COEFFICIENTS.
DC o« THE DUTY CYCLE OF TKRE SLOPE OUERLOAD DETECTOR.

RATIO « THE RATIO BETUEEM THE RAXINUM STEP SIZE AND THE MINIMUN
STEP SIZE IN DB

CoRA8RELL AL IIRRIE RIS ZXETISLATTLLERRLTILLIRNRZLARTIALLRE
CEE228284263422533XXX SUBROUTIMES USED ZIXIZIZTAILZEIXIIIIIIIZTINSETZIRE

OO OO0 OO0 00 OO0 OO 60 OO0

FLTg(;.ENT; THE SUBROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI-~
NTS.

FACTOR, PLOT, AXIS, SCALE, RECT, LINE, PLOTE = CALCOMP PLOTTING
ROUTINES

SIGNAL » THE TEST SIGNAL GEMERATOR. PRODUCES SAMPLES OF SINUSOI-~
DAL WAVES LITH AT MOST TWO FREQUENCY CONPONENTS.

EMCODE1 » THE CUSD EMCODER SUBR0UTINE WITH A SINGLE ROLL-OFF
FREQUENCY IM THE PRINSARY INTEGRATOR.

DECODEY o THE CUSN DECODING SUBRCUTINE WITH A SINGLE ROLL~OFF
FREQUENCY IN THE PRIMARY INTZGRATOR.

FILYER « THE SUBROUTINE THAT FILTERS THE INPUT TIME SIRIES SANPLES
USING TME FILTER COEFFICIENTS GENERATED BY FLTRGEN.

PLT;?E“O A LINEAR PLOTTING ROUTINE TO PLOT SIGMAL AMPLITUDE VS.

URAXOPT « GENERATES UMAX AMD UMIN FOR TME CUSD ENCODER AND CECODER
SUBRUTINES

[ 30303303t iRtiRietitotpiodidoditsisstsedeotpolestetacditfisidesstl
CEERXXRRESR RIS S2S388X33352 XX 22223232IXKS384822RXTXIINIINIIZIS2TE
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¢ PROGRAR START
C~—— INITIALIZE VRRIABDLES AND ARRAYS
DINENSION TSIN(5090),TSOUT(5000),TINE(2000),5(200)

INYEGER BINCUT(S:€8)
A(DBNO) » SURT(1¥. I2((DBMO ~4.)/10.) % 881 X 699.) X SCAT(3.)

PEAXL o A (AMPL)

PEAKR = A (ANPR2)

KN « O,
C—— INPUT AND PRINT THE UORKING UARIABLES

READ &, FS$

READ 8,FCL, TC, PATIO

RERD I.BETA, GRMMA

PRINT 8, °* TRANSIENT RESPONSE YEST AT °,F§,° BPS®

PRINT 8, * WITH TC = *,TC,* AND RATIQ o * QRATIO

PRINT £,° FILTER PQ\QN“ETERS RARE, BETA = ‘:IETQ. + GAMMA » °,CAMRA
Ce=== GENERATE FILTER COEFFICIENTS AND CUSD SYSTEM PARAMETERS

CALL FLTRGEN(BETA,GAMMA,NP,B
CALL URMAXOPT(UKAX,VMIN,FS, FCI.TC RATIO)

C-==~ INITIALZE PLOTTER

CALL FACTOR(.5)
CALL PLOT(2., 2., =3)

C==== GENERATE INPUT TIME FUNCTION SAMPLES
CALL SIGNALZ(TSIN,5039,FS5,400.,0.,PEAKL,PEAK2)
C-=—= FILTER THE INPUT
CALL FILTER(TSIN,S808,NP,3)
C==== PROCESS THE INPUT TIRE SERIES THROUGH THE CVUSD SYSTEM

CALL ENCODE1(TSIN, BINOUT,5080,FS,FCL,FC2,FC3, TC,UMAX,UMIN,DC)
CALL DECODE1(3IMOUT,TSOUT,S5500,FS,FCL,FC2,FCI, TC,UNAX,UNIN,DC)

C--=~ FILTER THE OUTPUT OF THE DECODER
CALL FILTER(TSOUT,4600,NP,3)
C=—=— PLOT THE OUTPUT SIGNAL
DOSI - iaooo

TIFE(I) « X / FS
1 4 CONTINUE
D06 - 1,225
IX = 2050 ¢ ]
TSOUT(1) » TSOUT(IK)
6 T

CONT INUE
CALL PLTIME(TIME, TSOUT,225,227)
S%L PLOTE(N)

(=233 3 3222803333 000933802003 0003000030303 303 003838200t optdoceoctiotibresiel
[ 3802003332880 0800032000 0ottt ppiptoteitiofbsotectoteoctibbbotdtes]

SUBROUTINE PLTIME(X, ¥, N, NX)

se- ~-TIPE VUS. AMPLITUDE PLOTTER
THIS SUBROUTINE MAKES A LINEAR PLOT OF TIME US. AMPLITUDE.
CUSSSREL4S2ESSLIBRILTLILIIXITIX VARIADLES SXSEXLLALETELEESIRENTTRLRRETALSEL
< X » THE ARRAY CONTAINING THME ORDINATE VALLES

< ¥ = THE ARRAY CONTAINING THE ABSCISSA UALUES
<
¢

Co

[ 3

N o THE NUMBER OF VALUES IN THE X AND Y ARRAYS

MX e« No @
CSE283323222L2LI2LILTET SUBROUTINES USED STTITITIRTLLIRLTILATLLERLTLLILT
¢ SCALE, AXIS,RECT, PLOT, PLOTE, LINE = CALCOMP PLOTTIMG POUTINES
(2030322308002t Ritbiodistepeottododtodttoftetotictidosioniiiiooppssdsy




o

SUBROUTINE START

C—=== INITIALIZE UARIABLES AND ARRAYS
DIMENSION X(NX), YINX)

Ce~=~ SCALE THE X AND ¥V ARRAYS

CALL SCALE(X, 10., N, 1)
CALL SCALE(Y, 6., N, 1)

C-—== BOX IN THE PLOT
CALL RECT(9., 0., 6., 10., 0., J)
C-——- DRAU THE AXES

CALL AXIS(9., 0., 1OMTIFE (SEC), =10, 18., 0., X(Ne1), X(NeB))
CALL AXIS(8., 9., 13HANPLITUDE (V), 13, 6., 50., Y(N+1), Y(Ne2))

C———= PLOT THE POINTS
CALL LIME(X, ¥V, N, £, 6, 0;
RE TURN
END

[ topedidtdtassiotediidiitocsettisototosetalioinssortdtsottottoctositofott]
[~ et P2 8082000 et R Pbortotobbibodoedotdodetestilisdos iorttttossicsitatisl]

SUBROUTINE SICNAL2(OUTPUT,N,FS,FREQL,FREG2,ANPL, ANP2)
CE888283L828823 32 IITTIILIIRRSRSSELRRTERIIIITITLIITLITITIXSTLIZRILILSL
< THIS SUBROQUTINE GENTRATES A SINGLE FRECUENCY SINUSOIDAL SIGNAL
8 rtfaz 22555;“3&&?833“ SARPLES AT ONE ARPLITUCE THEN S09 SAMPLES
CESBLXITTLIIITILLLILET VARIABLES ZXERTTATATIXITTTLSTIIIREILATIRTEIRTLLRS
OUTPUT » THE ARRAY CONTAINING THE OUTPUT TIME FUNCTION SAMPLES
N o THE NUNBER OF SAMPLES TO BE PRODUCED
F$S = THE SANPLE RATE
FREQY * THE FREQUENCY OF THE TEST SIGMAL
FREQ2 « UNUSED
ARP1 = THE AMPLITUDE OF THE FIRST S00 SAMPLES
ANP2 « THE AMPLITUCE OF THE SECOND SO0 SAMPLES
AP « THE SIGMAL AMPLITUDE CURRENTLY BEING USED
(2203002030023 00003 00eedtdsdodtodoiedotoedbiiietotiotttfsiedoesatoddss]
¢ SUBROUTINE START
C-—=== INITIALIZE VARIABLES AND ARRAYS

DIMENSION OUTPUT(N)
I‘MTA.PIIL 1415926538/

L]
4 CONTIMUE
C=~=~ SET CURRENT SIGNAL AMPLITUDE

O OO0 06 6 6 6 0

10 CONTINUE
C=—== GENERATE 500 TIRE FUNCTION SAMPLES

JeoeJet
IF (J .GT. 500) 00 TO §
KeKetd
Qe=es IF N SAMPLES MAUE BEEN GEMERATED, $TOP PROGRAN

F (K .CT. M) GO TO 99
Wx y g) -MP!S!N(?.!PX:"(OIIFOIK)
GO0 10
999 CONTINL!
RETURN
e
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APPLMDIX L

Idle Channel Moise Prooran

PROGRAN [DLEMOT( INPUT, OUTPUT, TAPES«OUTPUT, PLOT)

T 00000 000 66 66O 00 O 0 O O 0600 O O gooon ooo o

IDLE CHANMNEL MOISE PROGRAM-

THIS PROCRAA MEASURES THE IDLE CHAMMEL NOISE OF THE CUSD TRANS~
RISSION SYSTEM L+IN TRS EMCCLTR AND LICCITY A™T CONMECTED BACK-~
TO-BRCK AND THE IRAPUT TO ThE ENCCIER IS CROUNDED.

THE SYSTEM GAIN 1S ADJUSTED SO THAT AN 803 HZ INPUT SIGNAL AT
Eg&gln‘w PRCOUCES A ~£d CiAd SICMNAL AT TrE OUTPUT OF THE DE-

2258222 EITILLIRETAILLR VARIABLES SIXITIIXTTITIITLILTIZALITLALIIXIILARLS

FREQY « THE REFERZNCE FREQUENCY USED TO SET THE SYSTEM QAIN.

TSIN AN ARRAY CONTAINING THE IMPUT TIME FUNCTION SAMPLES.

TSOUT = AN ARRAY CONTAINING FIRST THE DPZCOTER OUTPUT TIME FUNCTION
SAPLES, THEN THE OUTPUT TIFE FUMCTION SAMPLES CF THE FIR FIL-

B = AN ARRAY CONTAINING THE FILTER CCTFFICIENTS.

BINOUT « AM ARRAY CONTAINING THE DIMARY OUTPUT OF THE CUSD ENCODER

AMP1 o THE AMPLITUDE OF THE REFERENCE SIGNAL IN DBMW.

FS » THE SAMPLE RATE.

FCl*ﬁ?. FCI » THE ROLL-OFF FREQUENCIES OF THE PRIMARY INTEGRA-

TC o THE TIME CONSTAMT OF THE SYLLABIC FILTERS.

mﬁg UHIN o THE RAXIMUR AD RINIWUN INPUTS YO THE SYLLABIC FIL-

DETA o THE NORMALIZED 3 LB FREQUINCY OF THE OUTPUT FILTER. THE
FREQUENCY 1S NGALIZED TO THE SAAPLE RATE.

OAMPA = THE NOTMALIZTD UIDTH OF TVE ROLL-OFF RSSION OF TME OQUTRUT
gl.%ﬁ‘! :l‘;ag.:sfs THE FREGUENCY BAND BETUEEN THE §5% AND

PEAKL = THE PMAXIMUR AMPLITUDE OF THE TEST SIGMAL IM VOLTS.

NP + THE NUMBER OF FILTER COEFFICIENTS.

DC » THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR.

PIN = THE POUER OF THE INPUT SIGNAL IN D3MS.

POUT = THE POUER OF THE OUTPUT SIGNAL IN DSMO.

1SN o THE CALCULATED IDLE CHANNEL NOISE IN D3MG.

SAIN ¢ THE VOLTAGE AMPLIFICATION OF TME SYSTEM.

R Iy A Rt R et itieastitasotiostoladioetortotloteioncecete eestel ]
COS8AS4048883R28C2828 SUSROUTINGS USED I3IIZIITAITXIXTITLITIXITAITIILTNR

(14

00 006 6 O & .

'Ll’g?g!“; TKE SUBROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI-

SIGNAL » THE TEST SIONAL QEMERATOR
ENCODES = THE CUSD ENCODER
DECODES = THE CVSD DECODER

FILTER ¢ THE SUBROUTIME THAT FILTERS TWE IMPUT TIME FUNCTION
PLES USING THE FILTER CCEFFICIENTS GENERATED BV FLTRGEN.

POVER » A ROUTIME TO CALCULATE THE POVER IN A SAMPLED TINE FUNC-
TION UITH IFPEDENCE = 600 OHS.

CEEEESIREILSSTILITL Tt LIRS TN ST TR EITTITIRITITILT AL LA TTATXXLICRLLR
CSSS2333 SRS, 423352L352 L SXTTRXLIIERBISBEITIIABIXI B EIXLIXRITAXIALLL
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¢ PROGRAN STARY.
C==== INITIALIZE UARIABLES AND ARRAYS

DIMENSION TSIN(S@90), TSOUT(E888), B(208)

REAL ICN

INTEGER BINOUYT(S8Q9)

A(DIMO) » SCRT(10. KI((DEM ~4.)/10.) % .00% 2 §00.) T SGRT(2.)
Co—== INPUT AND PRINT WORKING UARIABLES

READ 8, FREGY, FFPL, F$§

READ 8,FC1, TC, TATIO

READ 2,BETA, CA:FA

g IoLe Cm*m NOISE TEST AT ¢, F8.° 3PS’

WITH TC e o, 7C, ¢ 0 ©aTl0 o 7 FATIO
OUTPUT FILTER PARAETERS ARE! BETA o o JIETA
PR 2, GATIA o '.ch\‘h

C-——= GENERATE THE FILTER COEFFICIENTS AND CUSD SYSTEM PARAETERS

CALL FLYRCEN(BETA,CANMA NP, D
CALL UTIRXOPT (WX, UM IN, FS, fc: TC.RATIO)

C~== GENERATE IMPUT TIME FUNCTION SAMPLES

PEAKS = A (ANPL)
CALL SIGNAL(TSIN,5368,FS,FREQL,0.,PENKL,0.)

O PROCESS THE INPUT TIME FUNCTION THROUGH THE CUSD SYSTEM

CALL ENCODEL(TSIN.RINNT, 5209,FS,FCL,FCT,FCI,TC, UMAX, UMIN, DC)
CALL DECODE1L (BINOUT,TSOUT,EG20,F8,FC1,FCa,FCI, TC, UMaX, UMDY, DC)

femee FILTER THE JUTPUT OF THE DECODER
“ALL FILTER(TSOUT,5000,NP,3)

Co~~= DELAY THE [NPUT SIGNAL START TO CORRESPOND TO TME
< FILTERRED OUTPUT.

DO 39 ID = 1,4996
XD o 200 ¢ ID
TSINUID) » TSIN(KD)
CONTINUE

332
3333

C==== CALCULATE THE REFERENCE SYSTEN GAIN
CALL POVER(TSIN, 4'396 FS,PIN)
CALL POLER(TSOUT, 4 28,F$,POUT)
GAIN » SGRT (PINPOUT)
C==— GEMERATE A ZERO INPUT SIGNAL ARRAY
DO 45 I » 1,5000
TSIN(I) - o,
CONTIMNUE
C==—= PROCESS THE 2ERO SIGMNAL THROUGH THE SYSTER

CALL ENCOTEL (TSIN,BINUT, 5008 .FS,FC1,FC2,FCI, TC,UMAX, UMIN, DC)
CALL NGODEI(IIWT T"uﬂ' SG“,FS.FCIJC&.FCS TC, M.WIN.DC)

C—— FILTER THE QUTPUT SIGMAL
CALL FILTER(TSOUT,5000,MP,8)
C—-WMWSXWLMIWTOMEFMWI
P41 4096
W(D . 'I’SM(I) T OAIN
L CONTINUE
C==== CALCULATE THE IDLE CHAMMEL MOISE

CALL POVER(TSOUT, 4806,FS,POUT)
ICN = 18, £ ALOGIO(POUT)

Co=== PRINT OUT THE RESULTS

WRITE(S,608) ICH
] :’%hﬂll.'m IDLE CHAMNMEL NOISE » °,F8.0)
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APPEMNDIX M

Total Harronic Distortion Frorram

IROGRAN MARDIST( INPUT, OUTPUT, TAPES « INPUT, TAPEGOUTPUT)
Teesmmres socecec-oTOTAL MARNONIC DISTORTION PROGRAM-

T THIS PROGRAM CALCULATES TE TOTAL WACMONTC DISTCRTICN IN THE QUTPUT
v WHEN A SINGLE FFESCUINCY TP-T §14val 1g PICCEETED THINUAM A (Ul

¢ EMCODER AMD DECCLUR €73 ZCTID THA(=T0-S2aK, D'-TC WITH 18 ca
¢ USING ONLY ThC=Z ¢ SECT 4l CC PUNINTS OF TWE O PUT T2 LTE 127
¢ 180 M2 AND 402 W2, T2.T AT EXACTLY 199 K2 CR 4020 M2 RE N
¢
<

INCLULED IM TRZ CALCULATION.
$35828838222222X23222X VARIABLES IR IR T XL A SE TR ITETARTTALLLLILE

l'ﬂg‘canzg INTEGER ARRAY CONTAINING THE BINARY OUTFUT OF THE CUSD

OUTPUT « A REAL ARRAY CONTAINING THE TIFC FUNCTION CUTPUT OF T E
TEST SIGHAL CEMIFATCT GND AFTER FROCESSING, THE TIIE FURCTION
OUTPUT OF THE LECCIER.

PSX e A REAL ATRAY CONTAINING THE OuTPUT SPECTRAL PO TR
OF THZ LECICTN OUTPUT AFTER PROSESSING §Y THE FAST FOURIER
TRANSFORM SULROUTING .

I, UK, CUK « UORKING ARRAYS USED BY THE FFT SUBROUTINE,

FREQUE o A REAL PRRAY CONTAINIMG THT FPEGUENCIES AY WMICH TE FFY
HAS CALCULATED THE SFECTRAL COMPONENTS.

FREQ o THE FREQUENCY OF THE TEST SIGNAL IN M2.
NP - THE ARPLITUDE OF THE TEST SIGNAL IN DEMe.
FS « TME SAMPLE RATE IN BPS.

A * THE PEAX UVALUE OF TME TEST SIGMNAL.

FC1, FC2, FCI » ROLL-CFF FREQUENCIES FOR THE PRINCIPLE INTEGRATOR
in Té CUSD ENCOZER AND DECODGR.

TC * THE COMPANDING SPEED OF THE SYLLABIC INTEGRATOR IN SEC.

F » A FREQUENCY UARTASLE LCED TO LETTSNIME THE YEST SToNaL SPEC~
TRAL CCiiPO(NT AND ALSO TO SETEKMINE THE MARMONIC SHECTRAL
CORPONENTS . :

IO'MMWWMWSPECWLMATMW
FREQUENCY .

REF = THE OUTPUT SPECTRAL COPMPONENT POUER IN DPN.
"'MWIM”W“M“WWICM-
THD * THE TOTAL HARMONIC DISTORTION IN X.

BETA « MORMALIZED 3 DB FREGUENCY OF THE OUTPUT FILTER

QU = THE NORMALIZED ROLL~OFF BANDYIDTH OF THE CUTPUT FILTER

BATIO « THE RATIO OF THE maxImfy aTSw 8127 TO THE NININUN STEP
$I2E IN THE CUSD EMCODER D LECULER, QIVEN O DB.

CesseeLtsbnasLe228E SUBROUTINES USED IXIRRTRIETTISTTRLLLLSIATXLARLSLR
. ENCODEL « THE CUSD ENCODER
DECODEL » THE CUSD DECODER

WKOSSAMMTISMNW!NMINMWWN

FLTERGEN « THE COEFFICENT GENERATOR FOR THE OUTPUT FILYER
FILTER « FILTERS THE CUTPUT SIGNAL,

'"ﬁl;x FAST FOURIER TRANSFORM SUBROUTINE FRON THE INGL

G LT L s r LR es s Iy T RNt Oyyy (XTI ITR T L IR IORRITTLTLILY
3288283280023 0R834238 48533524853 338 35 N0KR 42353 2T R EIRTERCEIENERZS

000000“000000000000000000000

s

s

(/1 /]

o0 6 0
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¢ ~PROCRAN START

C==—= INITIALIZE UARIASLES AND ARRAYS

DIMENSION INPUT(5609),0UTPUT(S8),PSX(150)
1, IX(29),UX(153), FREQE (200), B(209)
SorPLEx uK(329)

FREG2 = ©,
AP2 - 0.

C==—= INPUT AND PRINT THE WORKING UARIABLES
READ %, FREQL, AMPY, F§
READ 8, FCi, TC, RATIO
READ £, BETAR, GATA
’Pﬁyf;st,' AP o ',APL," D3NS, FREQ « *,FREQL,® HZ, SAMPLE MATC
hd »
PRINT 2,° TC » ° TC. FCL = '.FCi. o RATIO » *,RATIO
PRINT 8, BETA o *,BE7A,° » GAMPA = *,GARMA
C-—— DETERMINE PEAK UALLE OF TEST SIGNAL
A o SORT(50. 2X ((AMPY - 4.) 7 10.) 5 .001 X 690.) X SURT(3.)
C=—=- GEMERATE INPUT TIME FUNCTION
CALL SIGNAL(OUTPUT,S000,.FS,FREQL,FREGR, A, ANPR)
C-—— QEMERATE THE FILTER COEFFICIENTS AND CUSD SYSTEM PARMETERS

CALL FLTRGEM(BETA,CAFMA, MNP
calLl me,mm.w,#cx TC,RATIO)

C—=— PROCESS THE TIME FUNCTION THICUGH THE CUSD SYSTEM

CALL ENCOTEL (OUTPUT, ISUT,£04,FS,FCL,FC2,FCT, TC, UMAX UMIN, DC)
CALL DECCDESC(INPUT, OUT?U‘T.S-NO.FS;FCS.FCG.FC:!,TC.WW.WKN.N)

Cosw= FILTER THE OUTPUT SIGMAL

CALL FILTER(OUTPUT, 5008, NP, 3)
Ce== DETERMINE THE SPECTRAL COMPOMENTS OF THE OUTPUT
v==== REMOUE THE MEAN OF THE SAMPLE STRING

9.
903!'14098
* SUM ¢

¢ QUTPUT(I)
k| CON‘I'IM.G
. SUH / 4098
4 1 ¢ 1,425
OUTPUT(1) « QUTPUT(I) - AR
CONT INUE

R

CALL FTFPS(OUTPUT,DUR, 4038,356, 9, PEX,. DUN, DUA, IWK, WK, CUK, IfR)

33
A
A3

X(KF) » PSX(K)
IF (F .ME, FRZG1) oo T8
€@ = SORT( PSX(K)
REF = 10. 2 ALOG!.(PSX(K) 7 600, /7,00%)
g INUE

C~=== CALCULATE POUER AT NARMONIC FREQUENCIES

12,10
F « FREQL /
éFJ.ui 100.) .OR, (F .QT., 4000.)) 00 TO 2¢
hd 0
F N, rnuun Q0 TO 18
*

>
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o ————

DO 85 J = 1,KF

IF ( F .ME. FREQUE(J)) GO T0 2§
SUM o SUN ¢ PSX(J)

CONTINUE

CONTINUE

C~—== CALCULATE TOTAL HARMONIC DISTORTIONM

THD = SORT (RWM) 7 £0 X 193,
URITE(C,E606) THD
g).gmrux.-n: TOTAL HARNONIC DISTORTION IS *,FS.2,'K.°%)
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APPEMDIX M.

Total Yarronic Cictortion vg, Tnwat Si-nal Power

PROGRAM DTHD( INPUT, OUTPUT, TAPEB« INPUT, TAPEG=QUTPUT,PLOT)
- THD VS, INPUT POUER

THIS PROGRAM INUESTICATES THE UARIATICN IN HAQMONIC DISTORTION
AS THE SIGNAL INAUT PCUIR IS UnRLED. THE IN3UT PCUSR 1S CY*MCED
IN .4 DB STEFS FRCN =43 D2¥3 TO 9 D3"9. THI HARMONIC DISTCRTION
IS THE OUTFUT IS THEN FEASURED AND PLOTTED.

THE PROGRAM 1S REPEATED THREE TINES, STEPPING THE STEP SIZE
RATIO FRCM 32 D) 1O 23 DB. THE THRREE SETS CF DATA ARE THEN
PLOTTED ON THE SAE GRAPH.

CEEZIXLIITLXAALIXIALIRL VARIABLES XIXLXXITXLLEATXZXATIIZIILLATILLALTLILLR

OO0 OO0 O

INPUT = AN INTEGER ARRAY CONTAINING THE BINARY OUTPUT OF THE 2USD
ENCODER

o A REAL ARRAY CONTAINING THME TIPE FUNCTICN QUTPUT OF THE
TEST SIGNAL GENTRATCR AND AFTER PROCESSING, THE TINE FUNCTION
OUTPUT OF THE DECODER.

POVER *» A REAL ARRAY CONTAINING THE POWER THAT EACH SAMPLE IS
TAKEN.

PSX = A REAL ARRAY CONTAINING THE OUTPUT SPECTRAL POLER COMPOMNENTS
OF THE CSCCLSR OUTPUT AFTER PROCESSING BY THE FAST FOURIER
TRANSFORM SUBROUTINE,

IUK, W, CUK * WORKING ARRAYS USED BY THE FFT SUBROUTINE.

FREQUE = A REAL ARRAY CONTARINING THE FREQUENCIES AT UHICH THE FFT
HAS CALCULATED THE SPECTRAL COMPCNENTS.

N = THE NUMBER OF TIME SAMPLES TJ BE TAKEN.
FREQ « THE FREGUENCY OF THE TEST SICNAL IN M2.
AP o THE APPLITUDE OF THE TEST SIGNAL IN DEMO.
F$ = THE SAMPLE RATE IN BPS.

A = THE PEAK VALUE OF THE TEST SIGNaL,

W, WK, CUK = WORKING ARRAYS USED BY THE FFT SUBROUTINE.

FREQUE » A REAL ARRAY CONTAINING THE FRECUENCIES AT WMICH THE FFT
M3 CALCULATED THE SFECTRAL COMPONENTS.

i o THE NUMBER OF TIME SAMPLES TO BE TAKEN.
FREQ o THE FREQUENCY OF THE TEST SIGNAL IN M2,
AP o T AMPLITUDE OF THE TEST SIGNAL IM DBMG.
FS « THE SAMPLE RATE IN BPS.

A * THE PEAK VALUE OF THE TEST SIGNaL.

FCL, FC2, FCI = ROLL-OFF FREQUENCTES FOR THE PRINCIPLE INTEGRATOR
fn THE CUSD ENCOZER AMD DECOCER.

TC = THE COMPANDING SPEED OF THE SYLLABIC INTECRATOR IN SEC.

I, J, K = COUNTING INDICES FOR THE VARIOUS °*DO* LOOPS.

F = A FREGUENCY UARTABLE USED TO DETERMIME THE TEST SICNAL SPEC-
IRRL CO:!;CSMENT AND ALSO TO DETERMINE THE HARMONIC SPECTRAL

E® o THE RMS POWER OF THE OUTPUT SPECTRAL COMPONENT AT THE TEST
FREQUENCY.

O 06 0 O 6 00 O 000 00 000 OO0

“»

€ o

OO0 OO0 O O OO O O 6

REF » THE OUTPUT SPECTRAL COMPOMENT POVER IN DB,
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SUM « THE RUNNING SUM OF THE POVER OF THE HARMONIC COMPONENTS.

THD « AN ARRAY CONTAINING THE URLUE OF HARMONIC DISTORTICN AT EACH
LEVEL OF INPUT POLER. !

B » AN ARRAY CONTAINING THE QUTPUT FILTER COEFFICIENTS.
NP « THE NUMBER OF OUTPUT FILTER COEFFICIENTS.

BET?IETE;E NORMALIZED CENTER OF THE TRANSITION BAND FOR THE OUTPUT

GARMA = THE NORMALIZED WDTH OF THE OUTPUT FILTER TRANSITION BAND,

(133439833833 20820020¢0820303000328022203 0000028203080 0004c68 5002808274282 0¢¢4
(393308930 230330008230000003F3023323 030083703030 0388005302500v22448¢802082524

00 O O OO O

L. ]

c PROGRAM START
C—~— INITIALIZE VARIABLES AND ARRAYS

DIKENSION INPUT(E16), OUTPUT(SLAE), POER(202),PSX(159)
l.IUK(EO).LKH:a) FREGUE(158), THD(232), B(ERD)

CONPLEX CWK(2:23)

lml)BHOJ e SGRT(10. 23 ((DBMO - 4.) ~ 10.) & .001 £ €00.) % SORT
)

ICHAR = =1

C~=== JNPUT UORKING VARIABLES
READ &, FREQL, FS
PRINT %,° DYNANIC RANGE TEST aT *,FS,* BPS AND °,FREQL,® H2*®
READ X, FC1, TC
REARD X, XLEN, YLEN, XMIN, XFAX, YNIN, YMAX
XSTEP » (X'AX = XHIH) 7/ XLEN
YSTEP = (YMAX - YIN) # YLEN
PRINT %,* TC » *,7C,*, FC1 » *,FCY
REQD %, BETA, GAMPA
PRINT X,* DETA » *,25TA,", GAMMA o *,GAMMA
CAI.L FLTRGEN(B;TQ,GM NP,B)
C~—— START LOOP
DO 1000 NR = 2,6,2
RATIO » 32. + AR
CALL UNAXOPT(U "aX,UMIN,FS,FCL, TC,RATIO)
DO 500 IS = 1,10
POVER(1IS) '-40.0.4815
C~~— DETERMINE PEAK VALUE OF TEST SIGMAL
AMPL = A(POUER(IS))
C~—= GENERATE INPUT TINE FUNCTION
CALL SIGNAL(OUTPUT,5000,FS,FREGL.Q.,ANPL,0.)
C~—— PROCESS THE TIME FUNCTICN THROUGH THE CUSD SYSTEM

CALL ENCODEL(OUTPUT, INPUT,5000,F5,FC1,FC2,FCI, TC, UNAY URIN, DC)
CALL DECODEUINPUT,OUAPUT.SGOO.FS,FC! FC&.FCQ.TC.UMX VMIN,DC)

C~=— FILTER THE OUTPUT
CALL FILTER(OUTPUT,S5004,MP,B)
C—— DETERMINE THE SPECTRAL COMPONENTS OF THE OUTPUY
CALL FTFPS(OUTPUT, DUM, 4896, 256, 8, PSX, DUN, DUN, JLX, ¥X,CUK, IER)

¢ mm: THE COMPONENT AT THE TEST FREQUENCY AND
¢ CALCULATE REFERENCE UALUES.
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vF » O

DO 8K = J,129,2

KF o KF ¢ 1

F o \(K-1)/256.) % FS§

FREQUE(KF) » F

IF (PSX(K) ,LE, G E-19) PSX(K) = 6.E-10
PSX(KF} = PSX(X

IF (F .KNE. FR-QH GO TO0 8

EQ = SQRT( PSX(K) )

8 CONTINUE

C~~—- CALCULATE POUER AT HARMONIC FREGUENCIES
SUm = 9,
D026 ] - 2,10
F e« FREQ!

1F
Do 1,K
IF (F .NE. FREOUE(J)) GO TO 15
SUM « SUN + PSX(J)

b 3
IF ((F LE. 1€9.) .OR. (F .GE. 4209.)) GO T0 30
DO 25 J = 1,KF

IF « .NE. FREOUE(J)) Go T0 25

. SUH + PSX(

25 CONTINUE

30 CONTINUE

C——— CALCULATE TOTAL MARMONIC DISTORTION

THD(]S) = SOQRT (SUM) ~» £2 ¢ ¢
IF (THD(1S) .GT. 1€0.) THD(XS) METTR
CONTINJE

§

C———— PLOT RESULTS

ICHAR » ICHAR ¢
%LLI:&?M(POUER.MAN.IWR »XNMIN, XLEN, XSTEP, YMIN, YLEN, YSTEP)

CALL PLOTE(N)
ENo

1000

SUBROUTINE PLTRANG(X,Y,N, ICHAR, XMIN, XLEN,XSTEP, YMIN, YLEN, YSTEP)
DYNANIC RANGE PLOT SUBROUTINE

(1]

< THIS SUBROUTINE CREATES A PLOT OF THE Y ARRAY VERSUS THE X ARRAY.
CRESEELLE4LLLERELRTLLITAIL VARIABLES BEIITISTILAXLLTILIALLLTIISRLILXLTALLLRL
< £ o AN ARRAY CONTAINING THE ORDINATE VALUES

< Y © AN ARRAY CONTAINING THE VALUES TO BE PLOTTED.

¢ N o THE NUMBER OF VALUES IN THE ARRAYS

[ 08303378 stretedesettetddsisedsedostobipotsetsetttpidsdsdssabesociedsd
(P9 23030830382333020030323 070002000000 20 3803203803280 3322¢222000002803433

¢ SUBROUTINE START
C—— INITIALIZE ARRAYS

DIRMENSION X(4298), Y(4896)
X(N+1) = XMIN
X(N+2) o XSTEP
Y(N+L1) o YMIN
Y(N42) = YSTEP
IF (ICHAR .GT. &) GO TO 500

C—— ESTABLISH NEU PAGE ORIGIN

CALL FACTOR(.S)
CALL PLOT(2., 2., -J)
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C——-= BOX IN THE GRAPH
CALL RECT(®., 0., YLEN, XLEN, 0., J)

C~—— DRAU THE RXES

CALL AX1S(0.0,0.9,18KINPUT POER (DEMD),-18,XLEN, 2. 0,XNIN, XSTEP)
CALL AX1S(0.0,8.9,14HDISTORTION (N),14,YLEN, .6, YNIN,YSTERP)

C—=— PLOT VALLES

680 CONTINLE
CALL LINE(X,Y,N,1,18,ICHAR)
RETURN

e
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APPEMDIX O

Yionntehed Yotal Harmanis Distortion v, Inen. Siomngl Pouer

PROGRAN MMTHD ( INPUT, OUTPUT, TAPES = INPUT, TRPES=OUTPUT,PLOT)
Comoommocnan ~MISHMATCHED THD VS, INPUT POUER

THIS PROGRAM [MUESTICATES THE UARIATION IN HARMONIC DISTCRTICN
AS THE SIGHAL IFUT PCLUEZR 1S UARIED. THE THAUT POUER 1§ CANGED
IN .4 DB SVEFS FRCM -4 D37) TO 8 DUM3, THE HARMOMIC DISTCRTICN
IS THE QUTPUT IS THIN MEASURED AND PLOTTED.

THE PROGRAM IS RIPEATED THREE TIMSS, UMILE THE ENCODER PARRAMETERS
ARE HELD CCIi3TANT, THE LECCIZIR STzP SIUE RATIO IS ALLCLID TO LAY
FRON 32 D3 TO 33 D3. Thi THREE SETS OF DATA ARE THEN FLOTTED ON
THE SAME GRAPH.

CREIXTILTXALIALALIXLIILIIL VARIABLES SXSXTAXIXIITILLRLLTLLXALARLITAILSITALILRS

OO0 OOO6O0

INPUT = AN INTEGER ARRAY CONTAINING THE BINARY OQUTPUT OF THE CVSD
ENCODER

OUTPUT « A REAL FARRAY CONTAINING THE TIME FUNCTICN CUTPUT COF THE
TEST SICNAL GENSRATCR AND AFTER PROCESSING, THE TIKE FUNCTION
OUTPUT OF THE LICOLER.

MTZ(EN“ REAL ARRAY CONTAINING THE POUER THAT EACH SAMPLE IS

PSX = A REAL ARRAY CCNTAINING THT CUTPUT SPECTRAL PCUER CLMOONENTS
OF THE CZCOUSR CUTAUT AFTER PRCCESSING BY THE FARST FOURIE
TRANSFORN SUGROUTINE,

IX, UK, CUK = UORKING ARRAYS USED BY THE FFT SUBROUTINE.

FREQUE » A REAL ARRAY CONTAINING TS FOZCUENCIES AT UHICH THE FFY
HAS CALCULATED THE SFECTRAL CCRPOMENTS.

N = THE NUMBER OF TIRE SAMPLES TO BE TAKEN,
FREQ « THE FREGUENCY OF THE TEST SIGNAL IN HZ.
AP o THE AMPLITUDE OF THE TEST SIGNAL IN DBMe.
F$ = THE SANPLE RATE IN BPS,

A o THE PEAK VALUE OF THE TEST SIGNAL.

FC1, FC2, FC3 » ROLL-CFF FRECUENCIES FOR THE PRINCIPLE INTEGRATOR
IN THE CuSD ENCOCER AND LECODER.

TC = THE COMPANDING SPEED OF THE SYLLABIC INTEGRATOR IN SEC.

1, J, K = COUNTING INDICES FCR THE UARIOUS *DO* LOOPS.

F * A FREQUENCY URRIABLE USED TO DETEEMINE THE TRST SIGMARL SPEC-
TRAL CO:ggNENT AND ALSO TO DETERMIME THE MARMONIC SPECTRAL

€6 = THE RMS POUER OF THE OUTPUT SPECTRAL COMPOMENT AT THE TEST
FREQUENCY.

REF o THE OUTPUT SPECTRAL CCMPONENT POVER IN DBAM.
SUM = THE RUNNING SURM OF THE POUER OF THE HARMONIC CONPONENTS.

THD = AN ARRRAY CONTAINING THE UALUE OF HARMONIC DISTORTION AT EACH
LEVEL OF INPUT POWER.

(232333320322 330 2380050002223 30220553009483328002803390000000003282300020202]
(0293838303300 008 5503000080 P0300 000000302030 30390009960030298830838340¢%3 ]

QO O O O O 00 O OO0 OO0 OO0 OO

OO0 O O OO0 OO0 O O O
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c PROGRAN START

C——= INITIALIZE VARIABLES AND ARRAYS

(DIFERSICN INPUT(S2%9), OUTPUT(£209), POLER 202 PSX(150)
2 ).FREGUEC169), THOREF(282), THD(222)
COMPLEX GUK(322)" ¢ » THDI222). B(200)

‘Q(DBHO) = SGRT(19., XX ((DBM3 - 4.) 7 1€.) X .001 X 6239.) X SART(2.

ICHAR = -
C——— INPUT UORKING UARIABLES

Rs?gt‘i -nggiﬂzc RANGE TEST FS
MIC | AT *,FS,* 3P . . Hze
READ £, FC1, TC -* 3PS AND 1, FREQL.® K2
READ ¥, XLER, 'VLEN. XNIN, X=aX, YAIN, vmaX
XSTEP o (X aX «~ XxMIN) /7 X'
YSTEP ® (YMAX = YMIN) 7/ VLCN
PPINT &,° TC o *,TC,*, FCL o *,FCE
PEMD 8, BETA. GAMAA
PRINT &,°* BETA & ', STA,*, GaMug » *,GAMMA
onll FLTRGEN(BETA,CAAMA,NP,B)

Ce=== 5THRT LOOP

DO 1600 MR = 2,6,2
RATIO = 33. + A3
CALL URAXOPT(UMAaX,UMIN,FS,FC1, TC,RATIO)
IF (1CHAR ,GE. 8) GO 10 2
EUMX = URAX
EUNN o UNIN
e CONTINUE
DO 509 15 « 1,100
POUER(IS) » -40. + .4 2 IS

C--—~ DETERMINE PEAK UALUE OF TEST SIGHAL

ARPL o A(POLER(ISH)
C-~=— GENERATE INPUT TIME FUNCTION

CALL SIGNAL(OUTPUT,SC@Q,FS,FREQL,O.,ANP1,0.)
C——— PROCESS THE TIME FUNCTION THROUGH THE CVSD SYSTEM

CALL ENCODF1(OUTPUT, INPUT,5229,FS,FC1,FCR,FC3, TC, EUNX,EUNN, DC)
CALL DECODELiINPUT, ouTPUT, SGB%,FS,FCI. FCe,FC3, TC, HRX.VHIN ¢

C--—~ FILTER THE OUTPUT

CALL FILTER(OUTPUT,SCO,NP,B)
C-—~ DETERMINE THE SPECTRAL CUMPONENTS OF THE OUTPUT

CALL FTFPS(OUTPUT,DUM,4096,256,@,PSX, DUM, DUM, TUK, WK, CUXK, IER)
C--—= ELIMINATE THE COMPOMINTS AT OND FULTIPLZS OF T“HEDSAHPLE RATE.

¢ DETERMINE THE CCH20MINT AT THE TEST FREQUENCY
c CALCULATE REFERENCE VALUES.

KF = @
DO 8 XK = 3,129,2
KF » KF + §
F « ((X~-1)/256.) & FS§
FREQUE(KF) = F
IF (PSX(X) .LE, 6.E-10) PSX(K) » 6.E-10
PSX(KF) = PSX(K)
IF (F .KRE., FFEQY) GO 708
€6 » SOGRT( PSX(K)
] CONTINUE

€= CALCULATE POVER AT HARMONIC FREQUENCIES
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¢ 1€0.) .O0R. (F .@T. .
D? 15 J= 1#xr GT. 4000.)) GO T0 20
KTUE(S))
suN ;nsgn + PEX0) Go 1015

CONTINGE

PO 32 1 = 2,30

b et Ly
\LE. 100.) .OR. (F .GE. )

1 &1 12 (F .GE. 4090.)) GO T0 39
NELFRTOUECD)) 60 T

SUM o SUM 4 PSX(d) ¢ To &5

25 CONTINUE

3R CONTINGE

C-=~= CALCULATE TOTAL HARMNIC DISTORTION

THD(IS) = SGRT (SUM) ~ E0 £ 1090,
IF (THD(IS$) .GT. 1€0.) THD(IS) « 169,
CONTINUE

e
®on
8
x
3

C---- PLOT RESULTS
ICHAR « ICHAR + |
CALL PLTRANG(POWVER, THD,10@, ICHAR,XNIN,XLEN,XSTEP, YNIN, YLEN, YSTEP)

10600 CONTINUE
CALL PLOTE(N)
END

Oy LY TRy ITITRIRTICTLITLILLIPTLSTLLIZIIILT A2

X R XX Ry A TSR XXX XXX IN 332X IILITRLETASRIIIT LKLY 22X
SUBROUTINE PLTRANG(X,Y,N, ICHAR, XMIN,XLEN,XSTEP, YMIN, YLEN, YSTEP)

¢ DYNANIC RANGE PLOT SUBROUTINE

¢ THIS SUBROUTINE CREATES A SEMI-LOG PLOT OF THE X AND Y ARRAYS.

CEREREXEETLIXLIALIILLEIAL VARTABLES 2T22LXXTIILTALTRISTIATLLIILATIILITILIX

c X o AN ARRAY CONTRINING THE ORDIMATE VALUES

¢ Y = AN ARRAY CONTAINING THE UALUES TO BE PLOTTED.

¢ N = THE NUMBER OF UALLES IN THE ARRAYS

Cnt!ﬂ!”!!!!!!lX!X221XnﬂxX!!!!X!:XXXt!!!XXXZ!!“!!“!““!!““XX!“!
cmxxxxxxxxxxxxxxxxxxxnxxxxxxxxxxxxzxzn:xxxxxzuxxnuxxxxxu:xxxnxx

¢ ~SUBROUTINE START
C—— INITIALIZE ARRAYS

DIMENSION X(4296), Y(4096)

N(N+1) o XMIN

X(N+2) » X57CP

Y(N#1) o YHIN

V(N®2) = YSTEP

IF (ICHAR .GT. @) GO TO S99
C~-==- ESTABLISH NEU PAGE ORIGIN

CALL FACTOR(.S)
CALL PLOT(2., 2., =3)

C~—= BOX IN THE GRAPHM
CALL RECT(0., 0., YLEN, XLEN, 0., 3)
C—— DRAU THE AXES

CALL AXIS5(0.9,0.0,1BRINPUT POLER (DBNO),~18,XLEN,0.@,XMIN, XSTEP)
CALL AX15(90.9,0.0,14HDISTORTION (X),14,YLEN,50.0,YMIN,YSTEP)




¢—-= PLOT UALUES

509  CONTINUE
CALL LINE(X,Y,N,1,10,ICHAR)
RETURN

END
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APPENDIX P

Interrodulation NMistortion I'rooria

PROGRAN INTERMD( INPUT, OUTPUT, TAPES « INPUT, TAPES = OUTPUT )

R e --=-~~INTERMODULATION DISTORTION PROGRAM
THIS PROCRAN CALCULATES TWE IN‘TfC'O"ULﬁT!ON DISTORTION OF A
CUSD SYSTE™ \n " - T YT TNCCTTR £4D TICIT TR BTE CLNTCTID BACK-TO-

BACK. DISTOXTIZN 16 rin '3 SY I'AUTTINZ A TE5T S17 .aL €4 PCSED
OF TUO (“a' £ GLITU T 600 Dt L3 RZ eND YTy ML, T T

AMPLITULE OF -3 LIff77%7% ~""JCT 18 TN P esL DD 6MD COrPRIED
TO0 THE INPUT S1GNAL TO L=TcARMIKE THE FERCINT DISTCOATION.

CSEERSLTELALTIISLLATEE UARIABLES IXIEIBEITLISTATIIILELSTILRTITIRLALALR

0OOOHOOHA o

!'ﬂéf‘csns: INTEGER ARRAY CONTRINING THE BIMNARY CUTPUT OF THE CUSD

= R FTAL ATRAY CONTAINING THE TIFT FINCTICN CUTPUT OF TE
TEST SICHLAL CEMTTATCR AND AFTER PROCESSIMNG, THE TIME FUNCTION
OUTPUT OF Th& LICCLIR.
PSX = A REAL APAY CONTAINING TWE CUTPUT SPECTRAL POLER
OF THT FZCCIIR OUT-UT FFTEIR FLROCESSING BY THE FAST FOURIER
TRANSFORIY (FFT) SLL«CUTINE.
IUK, WK, CUX « UORKIMG ARRAYS USED BY THZ FFT SUPROUTINE,

FREQUE « A REAL ARRAY CONTAINING THE FODICUENCIES AT WHICH THE FFT
HAS CALCULATED ThE SPECTRAL CCIPUNENTS.

N o THE NUMBER OF TIFE SAMPLES T0 BE TAXEN.

AWL o THE AMPLITUDES OF THE TEST SIGNALS IN DBMO.

FS = THE SANPLE RATE IN PPS.

PEAK = THE PEAK UALUES OF THE TEST SIGNAL COMPONENTS.

A °D* OR 'E*® PREFIX ON THE MEXT THOTE £ETS OF UARIASLE INDICATES
%EMIABLE IS USED BY EITHCR THZ LECCDER OR EMCUIER,RESPEC-

FC1, FC2, FCI « ROLL-CSF FRPEAENCIES FOR THE PRINCIPLE INTEGRATOR
IN THE CUSD ENCODER AND DECODER.

TC = THE CONPAMDING 6PEED OF THE SYLLADIC INTEGRATOR IM SEC.
RATIO o THE MAXIMUM STEP SIZE TO MINIMUM STEP SIZE RATIO IN DB

F o A FREAUINCY UARIAJLE USED TQ PCTERMIME THE TEST SICHAL SPEC-
TRAL CL. -CHIMT AND ALSO TO DETERAINE THE HARMONIC SFECTRAL

G 000 O O OO0 000 O O O O 00 O 0606 600 OO0

REF * THE OUTPUT SPECTRAL COMPONENT POUER 1IN DBN.

e

UM o THE SUN OF THE POVER IN THE TEST SIGNAL COMPONENTS.

P o THE MUMBER OF FILTER COEFFICIENTS

< B © AN ARDAY CONTAIMING THE INPUT AND OUTPUT FILTER COEFFICIENTS
SES884800088 28802822222 SUBROUTINES USED SXXXEXTETTRLLTAINILALALIRLELARS
EMCODEL = THE CUSD EMCODER

DECODEL = THE CVSD DECODER

URAXOPT « DETERMINES THE VALUES OF UMAX AND UMIN USED IN THE
ENCODER AMD DECODER

FLTRGEN » GENERATOR OF THE OUTPUT FILTER COEFFICIENTS
FILTER « FILTERS THE OUTPUT USING THE CCEFFICIENTS PRCDUCED BY
FLTRGEN

€

[}

SIGMAL » THE TEST SIGNAL CENERATOR
FTFPS o THE FAST FOURIER TRANSFORM FROM THE INSL LIBRARY
22230328330t p et et yRoiedtebettdittecdittitiodeiditictetiaoanecsiyortote]

o O 00 O 06
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c ~PROGRAM START
C——= INITIALIZE VARIARLES AND ARRAYS

DIMENSION INPUT(5029),0UTPUT(S000).P5X(150)
éux(ae) LJUK(159),FREQUE(SO), B(200)

COMPLEX CLUX(309)
A(DBMY) « SORT (19. 3% ((DBMO - 4.)/10.) X 001 5 680.) 3 SORT(2.)

C—— INPUT AMD PRINT WORXKIMG UARIADLES
READ £, AR%PL, FS
READ %, EFCL ETC, ERATIO
RERD %, ["Cl. DTC, L(RATIO
EAD 2, BE (o]
PRINT t,' IM’V "“‘3 _TEST FOR INPUT SIGMALS OF 768 AND 1000 K2 AT °,
$AKPE,* DBRO, AND CAPLE RATE ',FS. 375
PRINT £,* ETC = ',&"3.', 801 e 0,27C1, 0, EPQTIO o *LERATIO
PRINT %,* DTC = °*,D7C,°, [#CL o '..rCL'. LiATIO » *,0IRATIO
PRINT X,* BETA = *,EZTA,°, GAMA o °,CAWA
C——— DETERMINE PEAK UALUE OF TEST SIGMAL
PEAC = A (AP1)
C==— GENERATE INPUT TIME FUNCTION
CALL SIQMAL(OUTPUT, 5308, F§, 750., 1909., PEAK, PEAK)
C——= GENERATE FILTER COCFFICIENTS AND CUSD SYSTER PARAMETERS
CALL UMAXOPT(FURYX,FUPN,FS,FFCL,ETC,ERATIO)
CALL UMAXOPTICL™X, TV IN,FS, .FCI DTC,LRATIO
vALL FLTRGEMIBETA, GANIA, NP, B)
Geece PROCESS THE TIME FUNCTION THROUGH THE CUSD SYSTEM

CALL ENCODEL(OUTPUT, INPUT,C329,F8,EFLCL,FCI,FCI,ETC, EVMX, ELPM, DC)
CALL DECODEL( INPUT,OUTPUT, 5iS9,F86,DFCL, FC&,FCQ nrc.m DUPiN, DC)

v==== FILTER THE OUTPUT
Call FILTER(OUTPUT,S5000,M0,3)
Co=== SUBTRACT THE AVERAGE VALUE FRONM THE SAMPLE STRING

-
OGS 1.4m
SUA o + OUTPUT(I)
6 CONTIMNUE
M . 54.!! 9‘93
DO ? I

?
C——— CALCULATE THE SPECTRAL COMPONENTS OF THE OUTPUT
CALL FTFPSIOUTPUT, DUR, 4896, 256, 0, PSX, DURY, DUM, 2WK, UK, WK, TER)

DETERMINE THE COMPONENT AT THE TEST FREGUENCY AND CALCULATE
THE RIS VOLTAGE.

00

U = 9.
DOBK - 2,129
F e ((K=1)/256.) X FS$
FREQUE(K-1) = F
PSX(K=1) PSX(K)
IF ((F .NE. 733.) .AND, (F JG. 1038.)) GO0 TO 8
”'SUHOSCRT(P‘.DN()
REF » 10. 3 ALOGLO(PSX(K) / 600. /.901)
8 CONTINUE

Co=== CALCULATE INTERMODULATION DISTORTION

(muti: .ME. DIF) GO TO 1§
DIS = PSX(I)
CONT

INE
INOD = SORT (DIS) ~» SUM £ 100.
IF (IM0D .GT. 104.) IMOD » 198,
WRITE(S,636) IM0D
808 FORMAT(IX,'THE INTERMODULATION DISTORTION 18 °,F5.2,°N.°)
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APPENDLY Q

Inter-odnlation Diciantion v, Tnren O8] Trnen

" PROGRAR DINOD( INPUT, QUTPUT, TAPES-QUTPYUT, PLOT)
INTERNOD V8. IMPUT POUER—

0 0OO6O 5

THIS PROCRARA RFASURES INTER®ODULATION DIGTO'ITX')N ﬁs A FUNCTICN OF
INPUT SICrAL PC. 71 IN A CL ) 47,728 8 2 LR £HD TICODER
PARAMETERS RRE FIIFECTLY PaTCr=d., £ ',.MI-.H:} &.\* « J'EATED MER
TIMES AS THE STEP SICS RATIO 15 mua Foom 32 D2 T2 3 DD,

THE THRCE SETS OF DATA ARE THEN PLOTTED ON THE SAME CRAPM.

CSSIBTLLSILTLLILILIXILTEAE VARIADLES ITXIXTIXTIITTITIISRITECZTILZILRATT RN

0000(’(’008(’000000

$ ARE MADE.

Yo zmv CONTAINING THE INTERMODULATION DISTORTION MEASURE~

D o AN ARRAY CONTAINING THE OUTPUT FILTER COEFFICIENTS.
1A0D « INTERMODULATION DISTORTION AT THE PRESEMT TEST SI1QMNAL POUER
F$ « THE SAMPLE RATE

THE FOLLOVING UARIAJLES USE AN ‘E* AMD A °D' PTTFIX TO INDICATE
USE BY EITHER THE ENCOTER CR LECODER, RESPECTIVILY.

FC1 o ROLL-OFF FREQUENCY OF TKZ PRINARY INTECRATOR
TC = THE TIME CONSTANT OF TME SYLLABIC FILTER
WX = THE MAXIMUM INPUT TO TVE SYLLASIC FILTER
Ui o THE RINIMUR IMPUT TO THE SYLLABIC FILTER

BETA = THE MCRMALIZED CENTER FREQUEMCY OF THE OUTPUT FILYER TRANS-
ITION BAND

GAMPA ¢ THE MORMALIZID UIDTH IF THE OUTPUT FILTER THANSITION P&

X o AN ARRAY COMTAINING THE TEST SIGMAL INPUT POVER AT UNICH MEA-
SURENENT

CESSISSTITEIRLTATIITILET SASROUTINGES UZED SITSIIIIRTTLTTIENTLISLTLLLXNES

FLTRGEN » TWE QUTPUT FILTIR CCEFFICIENT GOMERATOR

FILTER o THE SUTROUTIME THAT FILTERS THE DSCODER OUTWUT $1GMAL
USING THZ CCEFFICIZNTS CALCULATED BY FLTAQEN.

URAXOPT o CALCILATES Urax AND URIN FOR YHE CUSD ENCODER
AND DECOCER SUSROUTINES.

NTERND o THE SITROUTINE THAT CALCULATES THE INTERMODULATION DI~
TORTION IN TAI CUSD SYSTER GUTPUT SIGNAL.

FACTOR, PLOT, SCALE, AXIS, RECT, LINE e CALCCMP PLOYTER ROUTINES

(2211 1{i R bPedoetododdeordbovetlonitiotecetsestotliioseciodarcieelocaois]

FPROCRAN START

Co== INITIALIZE VARAIBLES AND ARRAYS

DIMENSION X(158), Y(164), B(880)
:tAL 1nD

. =4

Co=== READ AND PRINT THE UORKING UARIABLES

READ 8, F$

READ l, €FCL, €TC

READ 8, DFC1, DTC

READ 3, BETA, CAMMA

PRINT %,° FS o *,F5

PRINT 8,° EFC{ o ',EFCL,°, E7C o °,ETC
PRINT £,° LFCL o *,T7CL,°, [TC o '.D‘I‘C
PRINT 5,° BETA = *,BETA,°, GANPMA < *,CAMMA

C=re CEMERATE LOU-PASS FILTER COEFFICIENTS

CALL FLTRCEN(BETA,QAMA, N, D)

C=—v= START CALCULATION LOOP

DO 2000 J - 8,6.8
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O==== CALCULATE CVSD SYSTEN PARARETERS

ICHAR o !W . l
ERATIO » 20,
CQLL W(M EVI,FS,EFCY LT, ERATIO)

mno * 29, )
CALL URAXDPT (DUl DUMM, FS,DFCS , D7'C, DRATIO)

O==== CALOULATE INTERWODAATION DISTORTION V8. INPUT POMER

aN0OOn

SUBROUT1
1P,5,1n0D)
Crememnemeneeses INTERMODULATION DISTCRTION SUBROUTIME

DO 1000 1 « 1,100

NP o« 40, ¢ 41t

Xl ¢ AMPY

(“LL INTERMD(FS, AMPL,EF S, ETC, EVIDX, EUMN, DFCY , DTC, DU, DUNN, P, B, TN

100
Vlh‘- 1moD

COoNT Tr Ul
PLOT THE RESAT?P

If (ICHAR .GT. §) 00 TO 50O

CALL FACTCR(.S)

CaLl PLOT(2.,8.,-3)

CALL SCALE(X,19.,1C9,1)

CALL SCALE(Y,6.,1.).1)

CALL AX1:(9.,9.,1- LILTCRTION (%),14,6.,00.,Y(101),¥(163))
CALL AXIS(9.,0., 80 ~LITLSL (LoM0),-16,19.,0.,X(108),X(16&))
CaLl A2 Cﬂ..,..,i..“.....;i

CONTINL

caLl LI E(X.V 100.1,10,10MR0)

CONTIHL

caLL Pw’t(ﬂ)

NE INTERMD(FS,ARPY,[FC1,ETC, EVRX, EUNN, DFC1, DTC, DUMX, DUMN, N

THIS PROGRAM CALCULATES T, XNT"""E‘WTXON DISTCATICN OF A

CVSD $YSTIM ¢ - .2 YrI ENICTTR £ { L. IR RIE CT . -CT‘r.'D BALK-T0=

IACK. DIS?(-&?II’( IS ¥ 2.0 D BY I'-UiTINd A TUST 1 AL CU-P00ED
Ll ..;2:3 AT 17,0 Wl F 2 77 rde G0 T

APLITULE OF T3 DIFri879C% £ CHCT 15 T+ W K7t -D »ND CSPARED

TO T™HE INPUT SIGNAL TO LiTeRMINE THE FEICINT DloioaTlunm,

E
i

€ €0

O O 600 6 O H0 6600 H o

INPUT o AN INTEGER ARRAY CONTAINING THE BINARY OUTPUT OF N CVSD
EMCODER.

o A REAL ACMY CONTSINIMG THE TIPE FUNCTION QUTRUT OF THE
TEST S$ICNAL €T L ATCR AND AFTER PROCESIING, THE TIFE FUNCTION
OUTPUT OF THE [<CCSiA.
PEX o A REAL OW CONTAINING THE OUTPUT SPECTRAL P
OF THT [iCC. R QU uY t‘V'! PROCESIING BY THE rm rouuu
TRAMSFORA (FFT) 9. 20UTING
UK, WK, CUK » WYORKING ARRAYS USED BY TWK FFT SUBROUTIME.

FREGUE = A REAL ARRAY CONTAINING TWE FRIQUENCIES AT UMICH TME FFY
A CALCULATED THME S#ECTHAL COAPONEMTS.

APL « TE MPLITUDES OF THE TISY S1GMaLS IN DDMO.

8 o NE SANPLE RATT [N BPS.

PEAK o THE PEAK UALLES OF MK TEST SIGMAL CONPOMINTS.

N °D° OR °E° PREFIX ON THE NIXT Tt §TTS CF UARIABLE INDICATES
Pl‘\‘wx“u I8 USID MY EITHIR Tk CECODER OR ENCOCER,RESPEC~

Feag FC, £CI o ROLL-CPD FRECUEMCIES FOR TME PRINCIPLE INTECRATOR
1 CR EACCTER MO LICLER.

TC » TE CORPAILING SPEED OF THE SYLLADIC INTEGRATOR IN SEC.
RATIO » THME RAXIAUR STEP S1ZE TO RINIMUR STEP S1ZX RATIO IN O3

7 o A FREQUENCY VARIADLE USED TO PETEMIMNE TME TEST SICNal SPEC-
TRAL CC-”OMENT ARD ALSO TO DATERMING THE MARMONIC SPECTRAL

AP « NE OUTPUT SPECTRA!, COMPONENT POVER IN DDW.
SUR = TME SUN OF T™E POVER IN TME TEST SIGMAL COMPONENTS.
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¢ WP o THE MUMBER OF FILYER COEFFICIENTS
c D o AN APRAY CONTAINING THE INPUT AND OUTPUT FILTER COEFFICIENTS

¢
¢ DECODES = THE CUSD DECODER

¢ FLTRGEN = GEMERATOR OF THE OUTPUT FILTER COCFFICIENTS

g FXL'TEIT.&;ILTER’ THE OUTPUT USING THE COEFFICIENTS PRODUCED BY
¢

¢

SI1GMAL © THE TEST SIGNAL GEIMNERATOR
FYFPS » THE FAST FOURIER TRANSFORN FROM THE IRSL LIBRARY

¢ SUBROUTINE START.
c==== INITIALIZE VARIADLES AND ARRAYS

DINEMSION INPUT(5969),0UTPUT(S248),PSEX(SEN)
kl:{h.:‘; LK (35),FREQUE(EDE), BIEUS)

1
COMPLEX CuWX(238
ALDSNG) = SCRT (!.- S ((DBMO - 4.)/10,) £ 801 T 688.) X SORT(R.)

Coo== DETERMINE PEAK UALLE OF TEST SI10MAL

PEAK = A (AFPY)
Com— GENERATE INPUT TINE FUNCTION

CALL SIGMALCOUTPUT, 5309, FS, 750., 1000., PEAK, FEMNC)
C== PROCESS THE TIPE FUNCTION THROUGH THE CVSD SYSTEM

CALL ENCODEL (OUTPUT, 1MPUT,0290,F8, EFCY,FC3,FCI, ETC, FUFX, EUIN, IC)
CALL DECODEL(INAUT,QUTFUT,Gwdd, FC.DFC! FvR.FCJ,DTC.DW,. y C)

C——— FILTER THE OUTPUT
CALL FILTER(OUTPUT, S000,1P,3°
C—= SUBTRACT THE AVERAGE UALUE FROR THE SAMPLE STRING

;un - 9.
N‘!'l40‘¢

¢ oUTPUT(I)
[ ] eoomru
MR+ cm /4928
DO 7 1 e 1,433

? mum)-wrmu)-m

0= CALCULATE THE SPECTRAL COMPOMENTS OF THE OUTPUT
CALL FTFPS(OUTPUT, DUM, 4608, 258, 0,PSX, DUM, DUN, TUK, UK, C\K, IER)

DETERMINE THT COMPOMNENT AT THE TEST FREQUENCY AMD CALCULATE
THE RS VOLTAGS.

e 0.
P 8K~ 8,129
e ((K=1)7L.8.) B F8
BEIKL1) ¢ PaCK)
x( - L] .
IF (F . NE. 753.) .AND, (F ME. 1080.)) G0 Y0 8
SUR ¢« SUM ¢ ST ¢ PIX(K) )
REF « 10. 8 ALOGLIO(PIX(K) 7 €00, /.008)
8 CONTINUE

Go=e= CALCULATE INTERMODULATION DISTORTION
b
¥ crrounh .ME. DIF) 00 70 18

CONTI

INOD = SQRT (DIS) 7 SLA 3 100,
IF_¢1m0D .OT. 108.) 180D = 100,
RETURN

06
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APPENDIX R

Sipnal-to="oiac Tntio Pro-rai

PROGRAN SNRRAN( INPUT, OUTPUT, TAPEL ~OUTPUT)

O OO0 OO0 OO0 O OO0 O O O O OO0 606 6 O O 2nnnnnf-r.r. [ 4

e

FILTERRED $NR PRCCRAM

THIS PROCRAM MEASURES THE SINNAL-TO-NOISE PERFORMAMMCE OF & CUS)
ENCODER AND DECOIIR CCKIECTZID FaCX=TO-3aCK., A 3745LI FrET EMCY
SINS WWE IS 1i°UT T9 Tr I SYSTEM AND THE DXFFERM BETUEEN THE
OUTPUT AND INPUT COMPUTED.

A RRXIMALLY FLAT LIMEAR PHASE FIR FILTER 18 Pm N THE OUTPUT
OF THE DECODER TO REMOVE SICNAL COMPONENTS ABOVE 3G90 M2,

SETEITRIEILLLTLLILTILLLTT VARIASLES IXZTITIILALIXLITASTTIELLETILLILELLS

FREGY « THE TEST SIGMAL FREQUEMCY
SMR » THE PEASURED SNR UALLE
TSIN = AN ARRAY CONTAINING THE INPUT TIME SERIES SAMPLES.

TSOUT o AN ARRAY CONTAINIMQ FIRST TWE DICOTER OUTPUT TIME CERIES
SANPLES, THEN THE OUTPUT TIi£ SERIES SAFLES OF THE FIR FILTER.

ERR = AN ARRAY CONTAINING THT DIFFEREMCE BETUEEN THE OUTPUT SAM~
PLES AND THE IMPUT SAPLES.

B * AN ARRAY CONTAIMNING THE FILTER CCEFFICIENTS.

BINOUT = AN ARRAY COMTAINING THE DINARY OUTPUT OF T™E CUSD ENCODER
AMPL » THE APPLITUDE OF THE TEST SIGNAL IN D3M.

F$ = THE SAMPLE RATE.

'Cl*ufg?. FC3 « THE ROLL-OFF FREQLENCIES OF THE PRIMRRY INTECRA~

TC o THE TINE COMSTANT OF THE SYLLABIC FILTERS.
thté VRIN o THE PAXTAUR AND MININUM INPUTS TO THE SYLLABIC FIL-

.

BETA = TVE MORMALIZED I DY FREQUENCY OF THE OUTPUT FILTER. TE
FREQUEMCY 1S FMCRZAALIZED TO Thi SAMPLE RATE.

GAMMA o THE NOIWALITED VIDTH OF THE POLL-OFF REGICN OF THE OUTPUT
FILTER, T I £ 517N IS THE FREQUENCY BAND BETLEEN THE 6% AND
% OUTPUT APLITLIES.

PEAKE » THE PAXIMIM AMPLITUDE OF THE TEST SIOMAL IN VOLTS.

NP o THE NUMBER OF FILTER COEFFICIENTS.
OC o THE DUTY CYCLE OF THE SLCPE OUERLOAD DETECTOR.

I I R R PR telieesecdsartcotiottrtiotoetotietetetorcteoctroney.y
C8888888458388328382% SUSROUTIMES LUSED LIXLITIITTTICATIXLE SAXITEEXARLLLY

OO QOO OO OO 6 60

FLT:;.EJ“; THE SUBROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI-
SICNAL « THE TEST SICMAL GENERATCR. PRODUCES SAMPLES OF $INUGOL-~
DAL WAVES UITH AT FOST TWO FLZQUENCY COFAPONENMTS.

ENCODEL » THE CUST ENCOTER SUOSOUTIMNE UITH A SIMGLE ROLL-OFF
FREQUENCY IN THE FRISARY INTEGRSTCR.

DECODES = THE CUSD CECOJIMG SUSNOUTINE UITH A SINGLE ROLL-OFF
FREQUENCY IN THE FAIMRRY INTEGRATCA.

FILTER o THE SUBROUTINE THAT FILTEYS THE INBUT TImE SIRIES SAPLES
USING THE FILTER CLEFFICIENTS GENERATED BY FLTRGEN.

MOAROUT!P‘ETOMLCULATEMPMRINQWMQM
VUITH IMPEDENCE =« 620

[ 2 t2ec3beedteodblboottottotiotontdottesiotoateseotatrnretececcccatnes.]
[~ 023 iloT30000s0b 3t bbetfsdiioseplolistoidtitbotonilisoetecavtarecaatone]
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C ~PROGRAM START
C—— INITIALIZE VARIABLES AMD ARRAYS

DIFENSION  TSIN(S608), TSOUT(5640), ERR(500)
HRTEOTR BINOUT (5008 )
A(DBA) = SQRT(19. ST(CDING ~4.)/10.) 3 .001 5 600.) 8 SORT(A.)

C——— INPUT VORXING UARIADLES

READ 2, FS

READ %,EFC1, ETC, ETaTIO

READ 3,L7C:,0TC, 074700

CALL W/ XCAT(E %, 8 rN,FS EFCL,ETC,FRATION

CALL UL TLl X, AL FS,LFCE, DTC, iRATIO)

READ 8,B:TA, C .48

PEAXS ® Al{~¢d.)

PRINT 2, 'SRTESTAYE"OMZMDWME-'"

PRINT %, * EFCYy o *,€°CL,%, E~C e °, 7700, €7a7I0 « ¢,524710
PRINT &, ° LFC1 « *.77°Ci,* T2 e v T8, - AI’IO . ? .’,)‘IO
‘:RIHT 5, * FILTER PiArETERS MRE, BETA o '.mn. . A - * N

C~—— GDERATE OUTPUT FILTER COEFFICIINTS

CALL FLTRGEN(BETA,GAYA, N, D)
Cemee GENERATE [NPUT TIME SERIES SA'PLES
CALL SICNAL(TSIN,5000,F$,806.,0. .PTAK1,0.)
Ces=- PROCESS THE INPUT TINE SIRIES THPOUGH THE CVUSD SYSTER

CALL EMCODEL(TSIN, BINOUT, 0 F9,EFCY FLB, FOD,E7C, E57 UMM, DC)
CALL DECOLEL(BIMOUT, TSOUT, Swaw,F3,LFCL,FCGE,FLI, DIC, s, (N, DC)

Co~e= FILTER THE OUTPUT OF T™E LECCDER
CALL FILTER(TSOUT,5800,NP,0)

C===— DELAY THE INPUT SICMAL START TO CORRCSPOND TO THE
< FILTERRED QUTPUT,

D0 2010 » §.4498
K - 16
'SAN(ID’ . TSXN(Q)
CONTINUE

»
C~—= ADJUST OUTPUT APPLITLDE $O INPUT POVER « OUTPUT POUER

CALL POUER(TSIN, 4275 F9,PIN)
CALL POLER(TSCLUT, 4, .5,F5,POUT)
QAIN = SLAT (FIvAWUT)

DO 40 1 + 1,4 5

TSOUT(1) « TSCUT(L) 8 GAIN

L J CONTINUE
C=—== CALCULATE THE NOISE POVER
DOSHTI -

(Rl(l) . YSGJ‘T(I) - TSINCD)
3'““ POMER (ERR, 4096 ,F 8, LRRP )
C——— CALCULATE NE S

SR » 10. 3 ALO2E (PIN / ERRP)
Co—— PRINT THE RESULTS

PRINT 3,° THE SIQMAL TO MOISE RATIO « °,8MR
200 gov.mu
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Sionnl=to-tojar it

APPEMDIX <

) v, omrat Sional Proauncy Proopar

PROGRAR SHRRAN{ INPUT, OUTPUT, TAPES=OUTPUT, PLOT)

Pecmeemrenioan ~-=--=<=<FILTERRED SNR PROGRAM-

OO OO OOCOOLENS

O 0 0O O 00O 00 00 60 OO0 6 6 O 6O 00 60 O 6 06

T™MIS PROGRARM MEASLRES THE SIGMAL-TO-MNOICE PERFORTANCE OF A CUSD
EMCODER AND LZCOTIR COH =CTED DXK=TO-3:CX, A &1-1T £ SCLENCY
SINE VAUE 15 Ir-UT "2 T . SYSTZM AND ThE DIFFERENCE BETUEEN THE
OUTPLT AND INPUT COWUTED,

A MAXIPMALLY FLAT LIMER PHaSE FIR FILTTR 18 PLACED ON THE OUTPUT
OF THE DECCDER TO KiFOVE SIGIAL COMPOMINTS ABOVE 3600 MZ.

THE PROGRAM 18 REPEATED THREE TIFES AS THT UALLE CF THE STEP SI1ZE
RATIO IS CHANGED Fxum 33 TO 36 B IN STEPS OF 2 D3,

SSSCESL22STLLTTITLTTIZRT VARIABLES SITLIISRIATTIZIITITILSTLLTILINRALLNINL

FREQL = AN ARRAY CONTAINIMG THE FREOUEMCIES THAT THE SNR HAS BEEN
REASURED AT. THE RANGE 18 300 W2 TO i@ M2

SMR » AN ARRAY CONTAINING THE MEASURED SNR VALUES.
TSIM o AN ARRAY CONTAINING TRE INPUT TIFE FUNCTION SAFPLES.

TSOUT * AN ARN?AY CONTAINING FI%ST THE CECCTER OUTPUT TIFE FUMCTION
SAMPLES, THE ThE FILTZR QUTPUT TINE 5. ~LES.

ERR = AN ATRAY CONTAINING TVE DIFFERENCE DETUEEN THE OUTPUT SAR-
PLES AND THE INPUT SAPLES.

B = AN ARRAY CONTAINING THE FILTER COEFFICIENTS.

BIMOUT * AN ARRAY CONTAINING THE BIMARY OUTPUT OF TME CUSD EMCGDER
APL ¢« THE AMPLITUDE OF THE TEST SIGNAL IN DBMO.

F§ o THE SAMPLE RATE.

FCI";gZ, FCI = THE ROLL-OFF FREQUENCIES OF THE PRINARY INTEGRA-

TC « THE TIME COMSTANT OF THE SYLLABIC FILTERS.
mvé URIN o THE MAXIMUM AND RINIMUM INPUTS TO THE SYLLABIC FlL-

BETA o THE NOPMALIZED J DB FREQUENCY OF THE CUTPUT FILTER. THE
FREQUENCY 1§ MURMALIZED TO THE SAMPLE RATE.

QAN ¢ THE NCOMALIZYD UIDTM OF THE ROLL-OFF RSQI0N OF THE CUTPUT
FILTER. TrT »  .1CN 1§ THE FREGUENCY BAND BETVIEN THE $5% AND
$8 OUTPUT AMPLITUCIS.

PEAKE * THE PAXIMUR WPLITUDE OF THE TEST SIGNAL IN VOLTS.

N + THE MUMBER OF FILTER COEFFICIENTS.

KN o THE MUMBER OF TEST FREQUENCIES.

PC « TME DUTY CYCLL OF TME SLOPE OVERLOAD DETECTOR.

GOt aLattNItttetsesNErIEsttEEETsITIsEstIIRITFITTIRCRITITTIRSRITATNLNG
COB008800000008080888 SUIANOUTIMNES LViD SEIRZZASTSERLTATILATARRIIRSES LTS

“2”,

00 06006 06 66 L6 O

'L"‘?E:T; THE SUBROUTINE THAT QENERATES THE OUTPUT FILTER COEFFI-
D .

PLOT, SCALE, AXIS, RECT, LINE, PLOTE, = CALCOMP PLOTTING ROUTIMES.

SIGNAL « THE TEST SICNAL CENERATOR, PRODUCES SawLES W -
DAL UAUES WITH AT MOST T FRIQUENCY CCMAOMENTS. OF $IMUSOL

ENCODEL » THE CUSD EMCODER S.UDRCUTINE WITH A SINGLE ¥
FREQUENCY IN THE PRIFARY INTELIATOR. rotL-or

DECODEL » TME CVUSD DECCOIMG SUTROUTINE WITH A SIMGLE ROLL-OFF
FREQUEMCY IN THE PRIPARY INTCWFATOR, Le foLt

FILTER o THE SUSROUTINE THAY FILYTRS TUE INOUT TIME FUNTION SAM-
PLES USING THE FILTZR CCEFFICIENTS CGRATED BY FLTRGEN.

POVER » A ROUTIME 70 CALCULATE THE POGER IN A SAWPLED T FUNC-
TION UITH IMPEDENCE » 6w OMAS, e
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c PROGRAN START
C——— IMITIALIZE UARIABLES AND ARRAYS
DIMENSION FP‘O!(!O.), SNR(106), TSIN(GE00), TSOUT(5009), ERR(G0S)
1,8(200), CAIN(£?9)
INTECGER nm«mf‘en
A(DEMG) © SCRT(10. SI((DEMD -4.)710.) 3 .001 3 €80.) X S5QRT(].)
ICHAR » -}
C=—=== INPUT AMD PRINT WUORXING UARIADLES
READ 3, AP, FS§
READ 8,FC1, TC
READ 3,BETA, CArPA
PEAXY = ALAPY)
PRINT 8, * S22 TEST AT ¢ ﬂl.' 03e aD °,FS,° BPS*
PRINT 3, ® UITH 1C » ¢
PRINT B, 'mn-'.un, s QAP+ °, QNN
C—— GENERATE FILTER COEFFICIENTS
CALL FLTRGCEN(BETA,GAfMA, NP, B)
G~ INITIALZE PLOTTER

CALL FACTOR(.$)
CALL FLOT(2., 2., -})

C——— START OF SIGMNAL-TO-MOISE LOOP
DO 1650 NTIMES < 3.8.8
KN =0
[Cr.R o JCHAR o |
RRTIY o 3. ¢ NTIFES
Call VMANOPT(URAX,URIN,FS,FCL, TC,RATIO)

Nm(-aoox«uo
KN s AN o

Co=e= GEMERATE TEST SI1GNAL FREQUENCY
FREQLI(KH) »
Co=== CENERATE INPUT TIRE FUNCTION SARPLES
CALL SIGMAL(TSIN,5000,F8,FREQI (XN),0.,PEAKS,S.)
C=—== PROCESS THE INPUT TIME FUNCTION THROUCH THE CVSD SYSTEM

CALL ENCODEL(TSIN,BINOUT,E+09,FS,FCL,FC2,FC3, TC,UMNAX, WMIN, DC)
CALL DECOTEL(BINCUT, TSOUT, SoUO,Fl.FCI FCa,Fca, ?c.m VHIN,CC)

C=—== FILTER THE OUTPUT OF THE DECODER
CALL FILTER(TSOUT,C680,M4°,))

C——= DELAY THE INPUT SICNAL START TO CORRESPOND TO THE
¢ FILTERRED OUTPUT,

DO 3010 » 14008
Tones) o TSINGKD)
CONTINUE

C==== ADJUST OUTPUT AMPLITUDE SO IMPUT POVER = OUTPUT POVER

CALL POUVER(TSIN, 4296,FS,PIN)
CALL POLER(TSOUT, 4 :48,FS,POUT)
GAIN(KN) « S.l? (PINPOUT)

DO 48 1 o

TSOUT(I) = 75001’(1) 3 GAIN(KN)
CONTINE

L
C==—= CALCULATE THE MOISE POMER
DO SO T = 1,408
ERR(I) = TSOUT(I) - TSIN(I)
] CONTIMUE
CALL POUER(ERR, 4098,FS ERnP)

O CALOIATE N ¢
OMR(KN) = 10. B ALOGIO (PIN / ERAP)
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C—~— PLOT THE RESULTS

1964

CONTIMUE

IF (IC+2R .QT. 6) GO TO 99¢

CaLl PLOT(13..,8.,-3)

CRLL LLICAL(FT28,19.,KM)

CALL ECoLT(UNR, fie k1)

‘cngx. LUAKIS(0.,0., S RESUENCY (MZ),-14,10.,0.,FREJL(KN1),FREQLCK
Ned

<ALl AX15(0,,8.,54SMR (T3),8,6.,90.,8MR{KNG1 ), SNRICNGD))
call RECT(D.,90.,6.,19.,9.,3)

CONTINGE

Cull LGLINE(FREQ),SNR, KN, 10, ICHAR,~1)

CONT IS

CALL PLOTE(M)

END
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APPEMDIX T

S LT

PROGRAI FISNIRF ( INPUT, QUTPUT, TAPES=OUTPUT, PLOT)

Caceemsms smcecancna-MISMATCHED SNR PROGRAM

QA0 OO0 VO O OO 6 G O 00 O OO0 860 O O OO0 soooa OO0 Clr?o?s

s

“r

<

THIS PROGRAM MEASIRES THE SICN“L-TO-"OXS' PERFORMANCE OF A CUSD
ENCODER AND DZCII IR CCMISTED 2/CK«TO-EAXCK, A I LI FRIUENCY
SINE UaUE 15 I~JT TO T 2 SYSTcH FND THE DIFFERENCE RETWCEM TRE
OUTPUT anD INPUT COMPUTED.

THE CALCULATIONS ARE PEOFCANRED RS THME UALLE OF THE EMCODER STEP
SIZE RATIO I35 KI2Y CTUiT XY RMD Tt JZCC..R STEP SIUI natio IS

HANGED, THE ENSCSIER QATIO IS 22 LB, $HILE THE DECCLCR IS STEPPED
'ROH 32 TO 35 D3 IN 5TEPS OF 2 D3,

A RAXIMALLY FLAT LIRTAR PHASE FIR FILTER I8 PLACED ON THE OUTPUT
OF THE DECOLER TO KEWOVE SILMAL CCIPONENTS ABCUE 38&0 KZ.

SXELLLLLIEETALIIIIIZRAL URRIABLES SITAXTXLIITIXXSAXXILILIZLZXILTIILRLILLR

FREQ1 » AN A0RAY CONTAINIMG THE FITNUENCIES THAT THE SNR HAS SEEN
MEASURED AT. THE RANGE 1§ 300 HZ TO 5539 W2,

SHMR » AN ARRAY CONTAINING THE MCASURED SNR VALUES.
TSIN = AN ARRAY CONTAINIMG THE INPUT TIFE SERIES SAMPLES,

TSOUT = AN ARRAY CONTAINING FIRST THE [ICCISR OUTPUT TIFE SERIES
SANPLES, THIN ThE OUTAUT TIRE SERIES SimiPLES CF THE FIR FILTER.

ERR = AN ARRAY CONTAINING THE DIFFERENCE BETUEEN THE QUTPUT SAN-
PES AND THE INPUT SAMFLES.

B * AN ARRAY CONTAINING THE FILTER CCEFFICIENTS,

TIME « AN ARRAY CONTAINING THE TIMZ THAT THE FIRST 200 SAMPLES
ARE TAKEN SO THMAT THEZY MaY BE PLOTTED,

BINOUT o AN ARRAY CONTAINING THE BINARY OUTPUT OF THE CUSD EMCODER
AP + THE AMPLITUDE OF THE TEST SIGNAL IN DiMe.

F$ = THE SAMPLE RATE.

rcthsga. FCI = THE ROLL-OFF FREQUENMCIES OF THE PRIMAARY INTEGRA~

TC * THE TIME CONSTANT OF THE SYLLABIC FILTIRS.
W)égl‘ UMIN » THE PAXIMUR AND RINIMUM IMNPUTS TO THE SYLLABIC FIL-

BETA » THE MORMALIZED J D% FREGUENCY OF THE W FlLTer. T
FREQUENCY 18 KORMALIZED TO ThE SARPLE RATE

QAMPMA o THE NOAMALIZED MIDTH CF THE ROLL-CFF REGION OF THE OUTRUT
FILTER. THI + %104 18 THE FREGUENCY BAND 3E&TWEEN THE S5 AMD
% OUTPUT atPLl

Lo
.

WP o THE MUMDER OF FILTER COEFFICIENTS.
AN « THE NUNBER OF TEST FREQUENCIES.
OC « THE DUTY CYCLE OF THE SLOPE OUERLOAD DETECTOR.

\.uutuunuttt:xxxnx:xnuxxxxxxzxtxnxnuxxunmrnnnnu~nn
CAE88888483882823333% SUBROUTINES USED XEIILTTXXIIITTXITIILLTIXZLITIZLIR

0O0 006 006 0 60

FLTQ?E: * THE SUBROUTIME THAT GENERATES THE OUTPUT FILTER COEFFI-

PLOT, SCALE, AXIS, RECT, LINE, PLOTE, * CALCORP PLOTTING ROUTINES.

SIGNAL « THE TEST SICHAL CEMERATOR. PROJUCES SAMOLES 3ol -
DAL VAVES WITH AT FOST TWO FRZIUENCY COMPONENTS, oF st !

ENCODEY » THE CUSD ENCCOCR SUSADUTIVE WITH A SING -
FREQUENCY IN THE PRIFARY INTEGRATOR. INGLE RovL-oe¥

DECODEY = THE CUSD CECODING &I‘?OUTXP( UXT’H A SINGLE ~OFF
FREQUENCY IN THE PRIMRY INTEGRA RoLL
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FILTER s THE SUTROUTIME TMAT FILTSPS THE DMPUT TIYS SEIRIES SAMPLES
USIN THE FILTZIR CICFFICIENTS CZMERATED BY FLTRIEN,

POWER « A ROUTIIT TO Cl‘LC"LATﬁ THE POGER IN A SAFPLED TIFE SERIES
UITH IKPEDENCE = 60® CHM

PLT%;%E- A LINEAR PLOTTING ROUTINE TO PLOT SIGNAL AMPLITUDE US.

00 060 OO0

[ s so2e3220002028230320022000 0023000803000 00tt0acetittoredboitassocitosd
(2408233833020 2002000000202000dds80¢033330 03 titocottidiotoecttttecasssty

¢ -PROGRAM START
C~—— INITIALIZE VARIABLES AND AKRAYS

DIFENSICN FPEQ1(1£9), SMR(178), TSIN(Se08), TSOUT(5609), ERR.5099)

1,B(233), TI'Z(2™)), GAIM(E3d)

§NTECSR BINCIT (52 29

?(Ds 19) '1$CRT(10. SX((PBMG ~4.)/10,) % .001 % 690.) % SGRT(R.)
'm . -

C———— INPUT WORKING UARIABLES

READ ¥, %P1, FS
RERD 2,FCi, TC
READ R,BETA, CArma
et 1,55 st ar o ome

s ® SN TEST AT 0, 8PP, 0 TR AND °LFS, ¢ SPGS
PRINT &, * UITM YC = *,TC,* £/9 73TI0 » *, 4 7i0
PRINT £, * BETA » *,5ETA,%, GASNA » %,CATA

C=———= CENERATE OUTPUT FILTER COEFFICIENTS
CALL FLTRGEN(BETA,GAMMA, NP, B)
O INITIALZE PLOTTER

CaLL FACTOR(.S)
Catl PLOT(2., 3., -D)

C==== 3TART OF SIGNAL-TO-NOISE LOOP
DOIOOONTXHES-BC‘
XCW * ICHAR ¢ ¢
RATIO = 33, & NTIFr<S

CALL URAXCPT(UMAX, L“‘IN FS,FC1,TC,RATIO)
IF (XCW}": .GT. 83'60 18 3

00390(-30036“1“
KN » KN ¢

C—-=- GENERATE TEST SIGNAL FREQUENCY
FREQI(KN) » K
C=-=— GENERATE IMPUT TIME SERIES SAMPLES
CALL SIGNAL(TSIN,5300,F3,FREQ1(KN),0.,PEAKL,0.)
C-—— PROCESS THE INPUT TIME SERIES THROUGH THE CUSD SYSTEM

CALL ENCODEL(TSIN, BIMNMIT,S219,F6,FC1,FC2, FCI, TC, EUNK, EUW, PC)
CALL DECOLEL(BINOUT,TSOUT,S508,F8,FCE,FC2,FC3, TC, URAX,WMIN,DC)

C——— FILTER THE OUTPUT OF THE DECODER
CALL FILTER(TSOUT,G000,MP.8)

C~=— DELAY THE IMPUT SIGNAL START TO CORRESPOMD TO THE
c FILTERRED OUTPUT.

DO 38 1D - 1,409¢

KD = 208 + 1D

TSINCID) o TSINIKD)
» CONTINUE

C—~== ADJUST OUTPUT AMPLITUDE $0 INPUT POUER = OUTPUT POUER

CALL FOUSR(TSIN, 4¢94,F5,PIN)

CALL POLER(TIOUT,4256,F5,POUT)

GAINIKN) = ST (PINPCUT)

PO 40 ]+ 1,- 38

TSOUT(]) = TSOUT(!) % GAIN(KN)
L CONTINE




[ S——

>

Venas

Qomen

[ oot
e
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CALCULATE THE MOISE POVER

DO SO 1 » 1,428
mu)% TSOUT(]) = TSIN(I)
N

CONT1
CALL FOUCR(ERR, 4958,F8,ERRP)

CALCULATE THE SN
SNRIKND o 19, € ALOGLO (PIN / ERRP)
PRINT AHD PLOT THE RESULTS

URITE(6,€90) FREQI(XN), SNR(KNI, QAIN(KN)
FORMAT(7)X,F18.1,5%,F10.6,5X,F19.8)
CONTINLE

IF ¢ICHAR .GT. 6) CO TO 639

CALL LGSCAL(FFZGL,19.,4N)

CALL SCALE(SMR,6.,KN,1)

CALL LCAXIS(9.,8.,14n REQUENCY (HZ),-14,10.,0.,FREQL (XN+1),FREQ1 (K

INe2))
CALL AXIS(0.,0.,8HSMR (D3).8,6.,99.,5MR(IN+1 ), SKRIKN4))

CALL RTCT(0,,9.,6.,19.,9.,3)
CONTINLT

CALL LGLINE(FREQL,SNR,KN,10,ICHAR,-1)
CONTINUE

CALL FLOTE(N)

EXD
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APPLNDIX

ql) Nol=to=ithi - oddo e Tt Ciognt Pawar Droore

PROGRAN SMRD( INPUT, OUVPUT, TRPES »OUTPUT, PLOT)

Fesmcameniiiiacenees-GNR US. INPUT POUER PROGRAM

Er€0°: 0o

O OO0 66

THIS PROGRAM MZASURES THE SICMAL-TO-NOISE PEﬂFCQW! OfF A C50
ENCODER AND LiCL71R COme 5CTED EACK=TO=-L AL © Lz FRECUENCY
SINE UAUEL 1S 1i.-UT TO 7' - SYSTEM AND ThE DXFFERE!‘CE BETWEEN THE
QITPUT AND INPUT CORFUTED.

A MAXIMALLY FLAT LINTAR PHASE FIR FILTER 18 PLACED ON THE OUTPUT
OF THE DECODER TO REMOVE SIGNAL CCRPOMENTS RBOVE Zedd MZ.

THE IMPUT POLER IS UARIED FRCM -48 DM@ TO 8 NI¥3, THE PROGRAM
15 REPEATED A5 ThE STEP SIZE RATIO IS VARIED FRCA 32 03 YO 35 DJ.

THE RESULTS ARE THEN PLOTTED O A SINGLE CRAPH.

CEXSTEEIETAIXSILINTFRALIL VARIABLES STLLILATILITELEILLIEIALIXTICTEESITALALR

O O 00O O 00 O OO0 O O O 060 O 06 0660 O O 00

-

[}

FREQL = AN RRRAY CONTAINING THE FRICUIMCIES THAT THZ SNR HAS BEEM
REASURED AT. THE ReavaE IS 209 MZ TO Zued HE,

SMR = AN ARRAY COMTAINING THE MEASURED SNR UALLES.
TSIN « AM ARRAY COMTAIMIMG THE IMPUT TIME SERIES SAPLES.

TSOUT « AN ARRAY CONTAIMING FIRST THT D"C TER OUTPUT TIFE SERIES
SAMPLES, THEN THE QUTPUT TIRZ SERIES SARPLES OF THE FIR FILTER.

ERR « AN ARRAY CONTAINIMG THE DIFFERENCE BETVEEN THE OUTPUT Sam-
PLES AND THE INPUT SAMFLES.

B = AN ARRAY CONTAINING THE FILTER COEFFICIENTS.

TIME « AN ARRAY CONTAINING THE TINT THAT TKE FIRST 200 SAMPLES
ARE TAKEN SO THAT ThiY May 3E FLOTTED.

BINOUT = AN ARRAY CONTAINING THE BINARY QUTPUT OF THE CVUSD ENCODER
AMPS « THE AMPLITUDE OF THE TEST SIGMAL IN D3Me.

FS = THE SAMPLE RATE.

rcxfossca. FC3 » THE ROLL-OFF FREQUENCIES OF THE PRIFWRY INTECRA-

TC * THE TIFE COMSTANT OF THE SYLLABIC FILTERS.
m#i: UMIN = THE PAXIMUN AND NININUM INPUTS TO TME SVLLADIC FIL-

BETA « THE MIDPOINT OF THC OUTPUT FILTER TRANSITION BAnD.

o THE NCRWALIZED Y1DTH OF TWE ROLL-OFF R‘OICN OF TWE OUTPUT
FILTER. THI RI3(CM IS THE FREQUEMCY BAND BETWEN THE $3X% AND
6% OUTPUT ARPLITLIES.

PEAKY = THE MAXIMUM AMPLITUDE OF THE TEST SIGMNAL IN VUCLTS.

WP = THE NUFBER OF FILTER CCEFFICIENTS.
0C = T™ME DUTY CYCLE OF THE SLOPE QUERLCAD DETECTOR.

CEESEE st at stz E IR aL e tRIREALIILITIRSRISITTITITATTILTIZIRATIRTTXLIEILLE
CEEOESESENNETITLRNRLE SUSROUTINES UOED ZIIZXAIXIILIXLLTIIIILIIIXLIXRRIER

€rr,

OO0 OO O O o006 o

ﬂ.?:?g:T; THE SUDROUTINE THAT GENERATES THE OUTPUT FILTER CCEFFI-

PLOT, SCALE, AXIS, RECT, LINE, PLOTE, « CALCOM® PLOTTING ROUTINMES.

SIGMAL « THE TEST SIGMAL CEMTRATOR, PRODUCES SATOLES OF €$IM'S0f~
DAL UAVES VITH AT MCIT TJO FREGUENCY COMFOMNENTS.

EMCODEL ~ THE CVSD ENCODER SUBROUTINE
DECODEL « THE CVSD DECODER SUBROUT! -

FILTER o THE SUBROUTINE THAT FILT 4 TWHE INPUT TIME SERIES SAPLES
USING THE FILTER CSEFFICLENTS CaiRM’ED BY FLTwGeh

POUER = A ROUTIME TO CALCULATE THE POUER IN A SAMPLED TIME SERIES
VITH IFMPEDEMCE © 6360 CAS.

(= s 0200t dbetdprosiinetiiiectifobdivestibeciodiosorbioiitocsopobbtoctipiss)
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CEEREEIIIIR TS IR LTI TSIt SR L SIS R K AL E I EERELTTRISTLILTLALLE
¢ -PROGRM §TART
C—-- INITIALIZE UARIASLES AND ARRAYS
DIFENSION AMP1(200), SNA(209), TSIN(ESN), TEOUT(S000), EPR(G000)
INTECER BINOUT(5009)
ADEFd) » SIRT(10. IXC(DEME —4.)/10.) 2 .001 3 600.) § SOAT(2.)
ICHAR o -1
C-—- INPUT AND PRINT THE UORKING URRIABLES
READ 2, FRZQ1, FS
RERD $.FC1, TC
READ X.BETA, CAXNM
BRINT £, 73 6xU TCST AT + FREQL ¢ DIN) AND 1,FS, BPS®
PRIMT £, ® UITH TC » *,73,¢ + 2 RATIO o *,RATI0
PRINT B¢ FILTER FARARCTESS ARE, SLTA o *1BETAL®.GARA « *,GARNMA
GEMERATE OUTPUT FILTER CCEFFICIENTS
CALL FLTRGENCBETA, CAMA, NP, B)
INITIALZE PLOTTER

CALL FACTORC(.S)
caLL PLOT(2., 2., =Y)

START LOOP

DO 1608 MR » a 8 2

RATIO o T2, ¢ I

CALL W(M UMIN,F8,FC1, TC.RATIO)
Cemae START OF SIGNAL-TO-NOISE LOOP

DO 300 K « 1,109

AMPLK) o -40, + 4 3K
PEAKL * ALAMPL(K))

I 1

I

(=== GENERATE INPUT TINE SERIES SANPLES
CALL SIGNAL(TSIN,G008,FS,FREQS, 0., PEAKL,S.)
Ce=== PROCESS THE INPUT TIFE GERIES THROUGH THE CVSD SYSTEM

CALL ENCODEL(TSINM, BINOUT,SP98,FS,FCL,FCA,FCI, TC, UMAX, UMIN,DC)
CALL DECOVEL (BINUT, TSOUT,50¢d,FS,FCL,FC2,FCI, TC,WAX,VIHIN,DC)

Ce=— FILTER THE OUTPUT OF THE DECOTER
CALL FILTER(TSOUT,S680,MP,B)

C——= DELAY THS INPUT SIGMAL START TO CORRESPOND TO THE
< FILTERRED OUTPUT,

DO 30 ID « 1,4998

KD = 200 ¢+ ID

TSINCID) = TSIN(KD)

CONTINUE

C~—— ADJUST THE OUTPUT SIGMAL ANMPLITUDE $0, OUTPUT POUER « INPUT POUER
CALL POUER(TSIN, 4078,F3,PIN)
CALL POVIR(TSOUT, 4.3, FS,POUT)
GAIN o SJT (PIN/‘POUT

DO 48 I -
TSOUT(I) » TSQUY(X) 3 GAIN
CONTINUE

»

C=—— CALCULATE THE NOISE POVER
DO GO I - 868

” MU) . TSOUT(I) - T8INC])

OM.L M(m,m,n,m’
Co=== CALCULATE THE 8N
”(K) o 18, % ALOGIS® (PI” s ERRP)
IF (ICHAR .LT. 8) GO TO «
1F (S*?(() LT, ”(l.“) “(K) s SMR(30L)
CONT IMUE

200 CONTIMUE
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Cm=—= PRINT At PLOT THE RESULTS

JICHWR = ICHAR ¢+ 2

IF (ICHAR .GT. 9) GO YO 504

CALL SCALE(r:'PY, ".,ici 1)

caLL SCAL(i.R.‘.,X
‘ON.I. AXZS(......“WPLHLM (D3M9),-16,10.,0. , AMP1(101),ANPL(103)

CALL AXIS(0.,0.,84SNR (D3),8,6.,90.,5M(101), SNR(162)
. UALL RECTI0..0..6.,10.,9.,3) = (HRE162))

B I sy, o, 100 1,18, ICHAR)
1990 CONTINUE . PTT TR

CALL PLOTE(N)
En0
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APPEMDIX V

4

Mismatchie? Simal=tn=lioise ‘atio v, Intvud

Sionad Tover proeris,

PROGRAN ISIRD ( INPUT, GUTPUT , TAPES«OQUTPUT, PLOT)

meemmesemeecaaeMISMATCHED SNR US, INPUT POVER PROGRAM

THIS PROGRARN !EH URES THE SICNAL-TO-MOICE PERFOTMAMCE CF A CUSD
EMCODIR FND D (R_CCMICTED PaCK=TO=E K, A CI1° LE FRTILTNCY
SINE wALE lS It:Ul’ TO T2 SY3TCN AND THE DIFFERIMNCE BETUZEN THE
OUTPUT AND INFUT CO™PUTED.

A RAXIMALLY FLAT LINTAQ PHRSE FIR FILTER IS PLACED ON THE OUTRUT
OF THE DSCODER TO KIMOVE SIGMAL CCNMPCIENTS AZOVE 3690 MZ.

THE INPUT POVER IS UARIED FRCA -43 DTM TO A L9, TVT PROLGRANM
1S REPEATED £S5 THC STIP SIZZ RATIO IS UARITD F 21 22 3 70 25 DY
g;;{;ﬁ DZCODER, WLHILE THZ ENCOLER STEP SIZE RATIO IS KELD CON-

THE RESULTS ARE THEN PLOTTED ON A SIMGLE GRAPH,

CEESLTITTLIITLIITIILIILNIL VARIABLES IXIXITTTITTIITILTLISESTITATISILLTLLLLL

€ % a0 OO0 OO0 O OO 0068 0O O O 60 O 00 OO0 O O OO0

.

-

FREQL = AN ARRAY CONTAINMING TIC FRECUCMCIES THAT THE SNR HAS BEEN
REASURED AT. ThE RAHGE IS 330 M2 TO 3009 M2,

SMR » AN ARRAY CONTARINING THE FEASURED SNR UALUES.
TSIN « AN ARRAY CONTAINING THE INPUT TIME SERIES SARPLES.

TSOUT = AN AKRAY CONTRINIMI FIRST TH< DZCCITR OUTPUT TIFT SERIES
SAMPLES, THEN ThHS OUTPUT TIIZ CZIRICS SA7ALES CF THE FIR FILTER.

ERR = AM ARRRAY COMTAINING THS DIFFERTMNCE BETVEEN THE OUTPUT SAM-
PLES AND THE INPUT Sﬂ:" LES.

B = AN ARRAY CONTAINING THE FILTER CCEFFICIENTS.

TIME = AN ARRAY CONTAINING THE TIMT THAT THE FIRST 200 SAMPLES
ARE TAXEM SO THAT TKZY RAY B£ PLOTTED.

BINOUT = AN ARRAY CONTAINING THE BINARY OUTPUT OF THE CUSD EMCODER

AL = THE ARPLITUDE OF THE TEST SIGNAL IN D3MO.

FS = THE SAMPLE RATE.

NOTES A °D® OR *E° PEFIX ON THE FOLLOUIMG WIQBLES IMDICATES
THAT THE USRIRJILE IS USID BY THS TICOIIR € ENCCTIR,SIEFECTIVE-
t;. UPIAX AND UAIN RAY BE CONTRACTED TO WD( AND Uridy, RESPECTIVE-

L]

FCl*O;gZ. FC3 = THE ROLL~OFF FREQUENCIES OF THE PRIMARY INTEGRA~

TC o THE TIME CONSTAMT OF THE SYLLADIC FILTERS.
mf(t: UNIN » THE PAXIMS AND MINIAUM INPUTS TO THE SYLLABIC FIL-

BETA o THE MORMALIZED MIDPOINT OF THE TRAMSITION BAND OF THE OUT-
PUT LOW PRSS FILTER.

GANNA o THE NORMALIZED WIDTW OF THE POLL=OFF REJIOM OF THE OUTPUT

FILTER. THE KZGICN IS THE FREGUENCY BAND BETLEEM THE 5% AND
S8 QUTPUT ANPLITUOES.

PEAL = THE MAXIMUM AMPLITUDE OF THE TE3T SIGMAL IN UOLTS.
NP o THE MUSBER OF FILTER COEFFICIENTS.

KN o THE NUMBER OF TEST FREQUENCIES.

DC = THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR.

LR i R I AR S 2dedettttedeldsodioiiostecittesrtttoccsittocecsedtiddodsid]
CE85332332888832223538 SLLOUTINES USED 333333X333XLXXIRALIRIIIXIIXZIXILL

o0 O 00

FLT:?E:T; THE SUBROUTINE THAT GEMERATES THE OUTPUT FILTER COEFF1l-

PLOT, SCALE, AXI9, RECT, LINE, PLOTE, < CALCC™P PLOTTING ROUTINUS.

SICAL o THE TEST SICNAL CINERATOR. PRODUCES SAMWLES OF SINUSOI-
DAL UAES VITH AT ROST TUO FREQUENCY COMPONENTS.
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ENCODEL « THE CUSD DCODER SUBROUTINE
DECODES = THE CUSD DECODER SUBROUTINE

FILTER = THT SUSROUTING THAT FILTEIS THE [NPUT TIYC SERIES SAWPLES
USING THE FILTER CCEFFICIENTS CINERATED BY FLTRIEN.

POER » A ROUTINE TO CQLCULATE THE POVER IN A SAW T R
VITH IPPELCICE © 623 Ow LED TIRE SERIES

[~ 3123233003322 80 000002080008t eer0t30rottitrertditiooctsdoreconsostioes]
CREBIs LR RIS IIR S LZNSRIITRSSZITTITLLRLIAZILTIRLLIIIILTIIARLLSITLLLS

c PROGRAM START
C~—— INITIALIZE WARTABLES AND ARRAYS
[DIENSION AP1(200), SHR(200), TSIN(5000), TSOUT(SEN), ERR(5608)
INTECER BINOUT(S300)
A(Ding) » SIAT(I0. ZX((DIND ~4.)/10.) 3 .001 B 649.) § SORT(2.)

.-1

o0 60 O O

C——— INPUT AMD PRINT UORKING UaRIASLES

READ 2, FREQ1, F§

2{""77 :I-.u;;ui ;.rs;r gt *,FREQ1,* D3RO MMD °,F§,° 3P8*

PRINT X, FILTZR PARAFETERS ARE, BETA « *,3CTA, *,QANM o °, AW
O QEMERATE OUTPUT FILTER CCZFFICIENTS

CALL FLYRGEN(DETA, GNP, NP, D)

Ce=== INITIALZE PLOTTER

Call FACTORL.S)
CALL PLOT2., 2., )

(=== START LOOP
DO 1006 MR + 2,6,3
RATIO « 39, ¢ IR
CALL VMAXORT (UmaX, unsn 8, rcx +TC,RATIO)

IF « ICHAR .GE. 0) G
EUmx » UMAX

Co==c START OF SIGNAL-TO-NOISE LOOP
DO 300 K = 1,100
APL(K) « ~49. + 43K
PEAKL = A(ANPL(K))
C——— GENERATE INPUT TIME SERIES SAMPLES
CALL SICMAL(TSIN,5080,F3,FREQL, 0. ,PEAKSE,0.)
C——— PROCESS THE INPUT TIFE SERIES THROUGH THE CVSD SYSTEM

CALL EMCODEL(TSIN, BINRCUT,S5878,FS,FC1,FCA,FC3, TC, EXIX, EUMN, DC)
CALL DECODEL(BINOUT, TSWLUT,5209,FS,FCL,FC,FCI, TC, UiSAX,URIN, DC)

C~—— FILTER THE OUTPUT OF THE DECODER
CALL FILTER(TSOUT,5300,M4P, D)

G~ DELAY THE INPUT SIWL START TO CORRESPOMD TO THE
¢ FILTERRED OUT!
DO 30 ID = 1,4008
KD - 280 + 1D
TSINCID) o TSIN(KD)
CONTINUE

C~=—= ADJUST QUTPUT SIOMAL AMPLITUDE $0, OUTPUT POUER © INPUT POUER

CALL POLER(TSIN, 4498.FS,PIN)
CALL POLTR(TSOUT, 4HG.FS,POUT)
QAIN = SGRT (?1 /PQIT
PO 401 -1,
TSOUT(]) TSOUY(“ 5 QAIN

» CONTINUE
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‘ C—== CALCULATE THE NOISE POMER

DO SO I o 1,423
ERR(]) o TS(&T(I) - TSINCI)
CONTINUE

CALL POUER(ERR, 4098,F8, ERKP)
C=——=— CALCULATE THE SN

SMR(K1 o 18, & ALOQGI® (PIN / ERRP)
IF JICHAR .LT., @) CO T0 €3

‘ IF JSKR(K) .LT. SNR(101)) SMR(K) « SMRC101)
COMT It

COMTINUE

Co=== PRINT AND PLOT THE RESULTS

«,

= JCHAR +
If (ICHAR .GT. @) GO TO Soe
CALL SCALE(/iP1,10,,1c8,1)
CALL SCALE(S 2, S.,l ).1)
‘CM.L MIS(O-.O..I\.M‘.FLIWDE (D3M0),-16,10.,0.,APP1(101),AP1(162)

CALL AXIS(E,,0.,CHSIR (03).8,6.,58.,5MR(101),5N0(102))
CALL RECT(O.,8.,6.,12.,9.,3)
CONTIME

CALL LI'Z(A'W1,5NR,16d,1,10, ICHR)
CONTINUE

CALL PLOTE(M)

(2,

3

1000
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APPENDIX W
Flot Wai ‘?"('v"-(’:.““!“(}(;.llf) ¢poierronae Troo g
PROGRAM DIFGAIN(INPUT,OUTPUT, TAPEEQUTPUT,PLOT)
veemeee wceac-=aDIFFERNTIAL GARIN PROGRAM

THIS PROGRAM MEASURES THE SYSTERM CAIN US, FRIQUENCY RESPONSE FOR
n CUSD DIGITAL/ANALOG SYSTEM CONNECTED BACK-TO-BACK.

e MaXIMALLY FLAT LINEAR PHASE FIR FILTER IS PLACED ON THE QUTPUT
JOF THE DECODER TO RENMOVE SIGNAL CCAPONENTS R3OUE 3320 HZ.

[YYRRTRTIIFI 2222033382494 UAkIhBLES BEEETILXALELTIAILLASTTITLLLILIITILRIIRLNA

FREQY = AN ARRAY CONTAINING THE FREOUENCIES THAT THE SHR HAS BEEN
MEASURED AT. THE RANGE IS 328 HZ TO 5503 WZ.

TSIN = AN ARRAY CONTAINING THE INPUT TIME FUNCTION SaNPLES.

TSOUT ¢ AN ARRAY CONTAINING FIRST THS DECOTER OUTPUT TIFE FUNCTICN
SAMPLES, THEN THE OUTFUT TiINE FUNCTION SAMPLES OF THE FIR FIL-

-

CoColo? 90, "0 "

B » AN ARRAY CONTAINING THE FILTER COEFFICIENTS.

BINOUT « AN ARRAY CONTAINING THE BINARY OUTPUT OF THE CUSD EMCODER
AMP1 « THE AMPLITUDE OF THE TEST SIGNAL IN DBMO.

FS » THE SAMPLE RATE.

FleosgB. FCI = THE ROLL-OFF FREQUENCIES OF THE PRIMARY INTEGRA-

mg; & UMIN « THE MAXIMUM AND NMINIMUM INPUTS TO THE SYLLABIC FIL-

BETA « THE NORMALIZED CENTER FREQUENCY OF THE OUTPUT FILTER TRANS-
ITION BAND.

CAMMA ¢ THE NCRFALIZED WIDTH OF THE ROLL-OFF REZGION OF THE OUTPUT
FILTER. TrE RIGICN IS THE FREGUENCY BAND BETWEEN THE $S% AND
SX OUTPUT AMPLITULES.

PEAKS « THE MAXIMUM AMPLITUDE OF THE TEST SIGNAL IN UOLTS.

NP » THE NUMBER OF FILTER COEFFICIENTS.

KN = THE NUMEER OF TEST FREGUENCIES.

DC = THE DUTY CYCLE OF THE SLOPE OUVERLOAD DETECTOR.

(37 33e2e83s30000802000cedssostosttottitttesecsttetbosbtsbdosttttsstsess
CILXTLSLTILITXXITILILT SUSROUTINES USED ZZITXIXEXITZILILIXAIXXKIIIXANAILIL

c FLTRGENT; THE SUBROUTIME THAT GEMERATES THE OUTPUT FILTER COEFFI-
N CIENTS.

N PLT, 3CALE, AXIS, RECT, LINE, PLOTE, = CALCCMP PLOTTING ROUTINES.

SJGNAL ¢ THE TEST SIGMAL GENERATOR. FPRCDUCES SaMPLES OF SIMUSOI-
DAL UAVES WITH AT MOST TUO FREGUENCY COMPONENTS.

ENCODEL * THE CUSD ENCODER SUBROUTINE
DECODES » THE CUSD DECODER SUBROUTINE

FILTER » THE SUBROUTINE THAT FILTERS THE INPUT TIME FUNCTION SAMN-
xLl’l.E‘.i USING THE FILTER CCEFFICIENTS GEMERATED BY FLTRGEN.

POVER = A ROUTINE TO CALCULATE THE POWER IN A SAPPLED TIME FUNC-
TION UITH IMPEDENCE = 609 OHMS.

¢
c
¢
c
¢
¢
c
c
c
c
c
c
¢ TC = THE TIME CONSTANT OF THE SYLLABIC FILTERS.
¢
c
c
<
¢
¢
¢
c
¢
c
c

ety

€.

€

00 66

czuunxnuxxxxxxxxnxxxxxnxxxxnxxnnnunntnxxnnm:nnnxn
-cuutxuxxunxuxuuxxxxxxxxuxuxxxxxxuxxxununnxxxnxuxxxms
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¢ PROGRAM START

C-=-= INITIALIZE UARIABLES AND ARRAYS

DINEMSION FREO!“@Q), TSIN(S200), TSOUT(S299)
1,B(CX), GAIM(C:2
INTEG"R BINOUT(S\.&O)

A(DBNA) = SGRT(18. 3X((DBNO -4.)/710.) % .001 X .
Senane) 2, i 1 X 609.) X SGRT(2.)

C-— INPUT AND PRINT THE WORKING UARIABLES

READ 3, AMP1, FS

READ S.FC1, TC

Sﬁ?fn‘i“’“é Ezp:?f AT °,AMP1,* DEMR

. [ ] X » H A"D .'F [ ] []

PRINT 2, * UITH TG = *, 16 S.* 8PS

FRINT £° oUTPyT FILTER PARAMETERS ARE, BETA = °,BETA,® GAMMA *.CA
C—— GEMERATE OUTPUT FILTER COEFFICIENTS

CALL FLTRGEN(BETA,GAMMA, NP, B)
C-—— INITIALZE PLOTTER

CALL FACTOR(.5)
cALL PLOT(B., 2., -3)

C—~=— START LOOP
DOEG”N‘I’IH“S-ZGB
ICHAR o JCHAR +
RATIO « 30. + NTI
- mbll lﬂA\OPT(UMX,L«HXN FS,FC1,TC,RATIO)
EX IS |
Ceeee ATART OF SIGNAL-TO-NOISE LOOP

DO 300 K » 309,3600,100
KN ¢« KN ¢ §

C--=- GENERATE TEST SIGNAL
FREQL(XN) o K
PEAKL = A(ANPL)
CALL SIGNAL(TSIN,S200,FS,FREQI(KN),0.,PEAKL,H.)
C-==- PROCESS THE IMPUT TIFE FUNCTION THROUGH THE CUSD SYSTEM

CALL ENCODE1(TSIN,BINOUT,5220,FS,FCL,FC2,FCI, TC,URAX,UNIN DC)
CALL DECODE1 (BINCUT,TSCUT,5¢39,F5,FCE,FC2,FC3, TC,UNAX,URIN,DC)

C--— FILTER THE OUTPUT OF THE DECODER
CALL FILTER(TSOUT,S5C00,NP,B)

C-—--= DELAY THE INPUT SIGNAL START TO CORRESPOND TO THE
¢ FILTERRED OUTPUT.

DO 30 ID « 1,4096

KD « 200 + 1D

TSINCID) = TSIN(KD)

CONTINUE

C———— FIND SYSTEM GAIN
CALL POUER(TSIN, 4856,FS,PIN)
CALL POUER(TSOUT, 4856,FS,PCUT)

GAINIKN) = 10. X ALCS18(POUT/PIN)
06 CONTINE
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———— - -y — -

4 C~~— ADJUST GAIN VALUES TO 8¢9 HZ REFERERENCE

DOE X « §,KN
1F (FReQ1(f) .EQ. 806.) REFGAIN « GAIN(D)
6 CONTINUE
DOS I = 1,KN
CAIN(I) » GAIN(1) - REFGAIN
CONTINUE

C——- PLOT THE RESULTS

IF (ICHAR .GT. @) GO TO See

CALL SCALE(CAIN,B.,KN,1)

CALL LGSChRL(FAZEL,13..XN)

aﬁgg)LGAXIS‘O'oQ-o&ﬂriRLGUENCY (H2),~14,10.,8. ,FREQS (KN+1),FREQL (X

1

CALL AX1S(0.,0.,22HDIFFERENTIAL GAIN (DB),22,6.,90.,GAIN(KNL)
1CAIN(KN+2) ) FEReTe ! '
CALL RECT(0.,0.,6.,18.,0.,3)

CONTINGE

CALL LGLINE(FREG1,CAIN,KN, 10, ICHAR,=1)

CONTINUE

CALL PLOTE(N)

END

g 3
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APDEMDIY X

iamtebed Mgt Vel b Ppeasagige e sy

PROGRAM MMDCAIN(INPUT, OUTPUT, TAPEE=OUTPUT,PLOT)
sesssscanonman ~MISMATCHED SYSTEM GAIN RESPONSE

THIS PROGRAR PEASURES THE SYSTEM GAIN US. FRECUENCY RESPONSE FOR
A CUSD DIGITAL/AMALCG SYSTEM CCNNECTED BACK-TO-3ACK.

A MAXIMALLY FLAT LINTAR PHASE FIR FILTIR 1S PLACED ON THE OUTPUT
OF THE DECODER TO RENCUVE SIGNAL CCrPONZINTS AZOVE 3500 HZ.

ZLASILLLTLRLLLLILIILS2EX VARTABLES EIXXTXTIITIITIXTISILLTILIZITILILLIRLL

FREG1 » AN ARRAY CCNTAINING THE FREQUENCIES THAT THE SNR HAS BEEN
MEASURED AT. ThE RANGE IS5 383 HZ TO 3523 HZ.

TSIN o AN ARRAY CONTAINING THE INPUT TIME FUNCTION SAMPLES.

TSOUT = AN ARRAY CONTAINING FIRST THE DECODER OUTPUT TIMFE FUNCTIOM
SAMPLES, THEN ThE CUTPUT TINE FUNCTION SAMPLES OF THE FIR FIL-

B = AN ARRAY CONTAINING THE FILTER COEFFICIENTS.

BINOUT = AN ARRAY CONTAINING THE BINARY OUTPUT OF THE CUSD ENCODER
AMP1 o THE AMPLITUDE OF THE TEST SIGNAL IN DBRO.

FS = THE SAMPLE RATE.

FCI*o;g?. FC3 = THE ROLL~OFF FREQUENCIES OF THE PRIMARY INTEGRA-

TC = THE TINE CONSTANT OF THE SYLLABIC FILTERS.

U’A#Es UMIN = THE MAXIMUM AND MINIMUM INPUTS TO THE SYLLABIC FIL-
A = THE NORMALIZED CENTER FREQUENCY OF THE OUTPUT FILTER TRANS-
ITION BAND.

GAMMA = THE NORMALIZED WIDTHM OF TWE ROLL-OFF REGICN OF THE OUTPUT
FILTER. THE RIGICN 1S THE FREGUENCY BAND BETWEEN THE $5% AND
B% OUTPUT AFPLITULZS.

PEAKL = THE MAXIMUM AMPLITUDE OF THE TEST SIGMAL IN VOLTS.

O OO0 OO0 00 O 00 O O O O 000 O 00 OOOOOOO &

L )

NP o THE NUMBER OF FILTER COEFFICIENTS.
ril * THE HUMBER OF TEST FREQUENCIES.
* M o THE DUTY CYCLE OF THE SLOPE OVERLOAD DETECTOR.

D I R A AR RS20 0000000300300 03308200¢33302339228380807002833 33008080044
SESLEEREEREBSURLLXTIAL SUBROUTINES USED X3233XIIXIXIXAEIIXXIAITILISIIIALINLS

FLT’C??E:T; THE SUBROUTINE THAT GENERATES THE OUTPUT FILTER COEFFI-

PLOT, SCALE, AXIS, RECT, LINE, PLOTE, = CALCOMP PLOTTING ROUTINES.

SIGNAL « THE TEST SIGNAL GENERATOR. PSODUCES SAMPLES OF SIMUSOI-
DAL WAVES WITH AT MOST TWO FREC.ENCY CCrPONENTS.

ENCODEL » THE CUSD ENCODER SUBROUTINE
DECODEL = THE CUSD DECODER SUBROUTINE

FILTER = THE SUBROUTINE THAT FILTERS THE INPUT TIME FUNCTION SAR-
PLES USING THE FILTER CCEFFICIENTS GENERATED BY FLTRGEN.

e A ROUTINE TO CALCULATE THE POUER IN A SAMPLED TIME FUNC-
TION WUITH INPEDENCE » 680 OMMS,

‘:

[z L

0O OO0 O O O6 &

(0099 3333338833303 3033 2920230328033 028002333330322832230e00338283238¢¢280333]
[0r $ 228202303300 00000053 8330032000000 33088308003 0005033003800080840938038004
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Crommmemmca e ~~---PROGRAN START
C—-- INITIALIZE YARIABLES AND ARRAYS

DIMENSION FREQ1(100) N
1810200, CAlNisaa,)e TSIN(SEd), TSOUT(Sede)
TNTECER’ BINGUT (C209)

A(DBRY) » SCAT(10. x3(( -4.)/ .
I 0l Dpre )719.) 3 091 % 609.) T SQRT(2.)

C~=— INPUT AND PRINT THE WORKING UARIABLES
READ X, ARPL, FS
READ %.FC1, fc

REARD 2, EETA, GPrrA

PRINT % ' SN TIST AT °, ,* .
PRINT X,  GITH TC o 5,18 "1+ DEMO AND °,F5,* BPs

l;:A"T £,° OUTPUT FILTER PARAMETERS ARE, BETA = °*,BETA," CAMMA °,GA
C-—— GEMERATE OUTPUT FILTER COEFFICIENTS
CALL FLTRGEN(BETA,GAMMA,NP,B)

J==== INITIALZE PLOTTER

: bl FACTOR(.S)
vall PLOT ., 2., -3)

=== ATHRT LOOP
DO evce NTIﬂES * 2,6,2
ICHAR o JCHAR + 1
RATIO = 39, + NTIMEZS
CﬁLL UMAXOPT (UMAX,UMIN,FS,FCL,TC,RATIO)

4
IF (ICHAR GT. 2) GO T0 129
EUMX o UMA
EUMN » UHIN
103 CONTINUE
C=- START OF SIGNAL-TO-NOISE LOOP

DO 380 K =« 300,3509,100
KN = KN + §

C~—~ GEMNERATE TEST SIGNAL
FREQLI(KN) = X
PERKL = A(&MPL
CALL SIGHQL(TSIN 5000,F5,FREQL (KN), Q. ,PERK],8.)
C~==~ PROCESS THE INPUT TIME FUNCTION THROUGH THE CUSD SYSTEM

CALL ENCODEL(TSIN,BIMOUT,50209,F5,FCL,FC2,FC3,TC,EVX,EUMN,DC)
CALL DECODE1(BINCUT,TSOUT,5289,FS,FC1,FCE,FC3,TC,URAX,UMIN,LC)

C-—=—= FILTER THE OUTPUT OF THE DECODER
CALL FILTER(TSOUT,S20Q,NP,B)

Ce—< DELAY THE INPUT SIGNAL START TO CORRESPOND TO THE
(> FILTERRED OUTPUT.

DO 39 ID = 1,406
KD = 220 + 1D
TSINCID} « TSIN(KD)
CONTINUE

C——— FIND SYSTEM GAIN
CALL POVER(TSIN,4356,FS,PIN)
CALL POJER(TSOUT,4055,FS,POUT)
GAIN(KN) = 1@. £ ALCGLB(POUT/PIN)
300 CONTINUE

C—— ADJUST GAIN UALUES TO 880 HZ REFEREREMCE




S

900
2000

D061 ° 1,KN

IF (FREG1(]) .EG. 809.} REFGAIN = GRIN(I)
CONTINUE

OB I = 1,KN

GAIN(I) = GAIN(I) ~ REFGAIN

CONTINUE

PLOT THE RESULTS

IF (ICHAR .GT. @) GO TO $2@

CALL SCALE(GAIN,G.,KH,1)

CALL LGSCAL(FREAL, §3.,KN)

‘gﬂé%)LcﬂxIS(O-.e-.14HFREOU€NCY (HZ),~14,10.,0.,FREQL(KN+1),FREQL (K
+

caLL AXIS(8.,0.,22HDIFFERENTIAL GAIN (08),22.6.,88.,GRINIKN41),

1GAIN(KN+2))

CALL KZCT(0.,0.,6.,18.,0.,3)

CONTINUE
CALL LGLINE(FREQGL,GAIN,KN,10, ICHAR, -1}

CONTINUE
CALL PLOTE(N)
END
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VPPTMETY Y

Test Sirmal Conopn i

SUBROUTINE SIGMAL(OUTPUT,N,F$,FREQL,FREQR, ANPL,APPR)
N R T L R Ry iR ie2000ted0ebtaintiildatioceccetorreccatibisctets]

[y THIS SUBROUTINE GEMERATES A TEST SICNAL CCPPCSED OF UM
< T0 TWQ SIME WAUES OF DIFFERENT FREGUENCIES AND AAPLITUDES.

CEA888S8LEE2S2ITLITILITIXR UARIADLES SEIXXITTXLALIIAXARTLRIALTIITLETITERRR
QUTPUT o AN ARRAY CONTAINING THE OUTPUT TIMZ FUMCTION SAPPLES

M » THE MUNBER OF SAMPLES OF THE TIME FUNCTION DESIRED

FS » THE SARPLE RATE IN KB/S

FREQL » THE FREQUENCY OF THE FIRST $IQNAL COMPOMENT

FREG2 » THE FREQUENCY OF THE SECOND SIGHAL COMPOMENT

AMPL « THE PEAX AMPLITUDE OF THE FIRSYT SIGNAL CORPONENT

¢ ANP2 o THE PEAX AMPLITULE OF THE SECOND SIGNRL CORPONEMT

[ 2920803328300 08 32008008 evdbeeosotttisobieotorrattocatttdatoccitittocs]
CEERSXEILIAATBLAILRSAILTASSIILLITIIILIZITIIALZTIILIZENILTY UTIIXILLIZ LA

C——- INITIALIZE VARIRILES AND ARRAYS

DINENSION OQUTPUT(N)
DATA PI1/3.1415526638/

C~—- GENERATE OUTPUT SARPLES OF TEST SIQMAL

DO SO I » g,N
QUTPUT(1) » AMP31 X SIN( 8. ¥ PI X FREQL 7 F6 X 1)
1+ PHP2 X SIN (2. S Pl S FREQE 7 FS % 1)
50 CONTINUE
RE TURM
END

€

€

o O O O




ATTENDLI /4

Sl Tocor Tl o S ror o

SUBROUTIME POVER(X,M,FS,P)

< THIS SUSROUTINE CALCULATES THFE AUVIRATE POUER OF THE IN2UT TIME
< FURCTION SVPLES ACACSS A €0 CeR 150 <mTiCE,  THE ItPUT TIRE FUMC-
< TION SAMPLES ARE I1MPUT TO TrZ SUIRCUTIAE A3 A L X N R-RavY,

CESSERLILENTASRITIITZSLE VARIABLES SXTXIITIXTSEXLTITEIRLITAXTTAIALL XAXLLL

X o AN ARRAY CONTAINING THE IMPUT TIMI FUNCTION SAMPLES

€

< M o THE MPBER OF SAHPLES TO BE PROCESSED

c F$ = THE SAMPLE RATE

¢ P = THE CALCULATED SICHAL POWER

[20e200i3 8880000000 es2r0tb0rtirerorttiiveddoecebbsvecstosesonsdvstfsoca] .
¢ -SUBROUTINE START

C~—— INITIARLIZE UARIABLES AND ARRAYS
DIFENSION X(N)
SUR o

Co—— SUR THE SGUARES OF THE IMPUT TIFE FUNCTION SAMPLES
DO 180 I » §,N
SUM » QI ¢ X(I) 22 2,
10 CONTINUE
C~—— CALCULATE THE AERAGE POUER ACRCSS A €09 OHM IMPEDENCE
P eSUN/ N/ 600,
RETURN

END
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Speech Sirnals for Tactical, Dipital, Aree Commumication. “iyitems", dated
June 1978, is developed and implemented in TORTRAM IV, 1o rodel's

pverforrmance is then characterized in terms of 1dle cluvmel noise, total
harmonic distortion, interrocdulation distortion, signal-to-wise ratio,

and [requency resronse., For euach of these ativibubesn, Ul syster's per-
forianae o creseniod cparhically and corvared to tlee oritorae e tabliched
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Ltem 20 continued,

‘j v othe dradt clandard,  The roadel is then ezercized by varyin: e sysior
rarameter:s to the limite imnposed by the standard ana the resul*ing ner-
foriavce comrared to the previousiy determined ideal system reriformance.
The results show that the perlornance characterisiics measured are nosth
s Jtive to Lhe primary integrator response and output tilter respouse
when the systenm pararmeters are restricted to the range allowed bty the

dre Mt TATO standard, )
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